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PREFACE

This book is essentially a compilation of the author’s twenty years of ex-
perience, study, and observations as a member of the staff of the Navy Under-
water Sound Reference Laboratory. This organization has specialized in
underwater electroacoustic measurements since its establishment in 1941 as a
part of the Columbia University Division of War Research. It became the Navy
Underwater Sound Reference Laboratory in 1945 and the Underwater Sound
Reference Division of the Naval Research Laboratory in 1966.

Hopetully, the book will provide a useful reference to the many naval and
naval contractor personnel who work in sonar and other aspects of underwater
electroacoustics, and to scientists, engineers, and technicians everywhere who
use underwater sound transducers in marine science and technology.

The author is indebted to John M. Taylor, Jr. for his considerable help in
reviewing and editing the whole manuscript, and to W. J, Trott, C. C. Sims,
D. T. Hawley, 1. D. Groves, Jr., G. A. Sabin, R. E. Ford, H. Dennis. W. L.
Paine, and W. 8. Cramer for reviewing selected chapters.

Orlando, Florida
June 1969 ROBERT J. BoBbER
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Chapter I

INTRODUCTION

1.! Puwpose

As man explores and uses the ocean depths, whether for military, commercial,
or scientific purposes, he faces_sensory and communication problems unlike
thuse met in any other environment. The medium is hostile to man and equip-
meat. [t is essentially opaque to visible light, infrared, radio, radar—to all the
famitiar forms of electromagnetic radiation used for sensing and communicating
in the atmosphere and in space. Because acoustic signals are, and probably will
remain, the only feasible general method of tranamitting information with waves

“through water at distances beyond a few yards, electroacoustic transducers are

the only practicable means for sensing underwater sounds, amd in most cases,
for producing them as controlled signals.

The electrical and acoustical measutements described in this bo@k are those
required to calibrate, test, or evaluate an underwater elogtroacoustic transducer
and to enable ane, indirectly, to produce or detect and measure an underwater
acoustic signal, usually in terms of is acoustic pressure. These measurements
will be referred 1o collectively as underwater electroacoustic measuremants,

Applications in naval sonar systems for navigation, communication, and target
location have provided the major need ard impetus for the development of
underwater eleciroaeoustic measwements; hawever, applied sonics in liquids for

- such pusposes as ultrasonie therapy and cleamng, delay lines, and flow meters,
~wiso have hiad a role in thiy developinent. More secently, the busgeoning interest

- oceanography and watine sclences has given added bnportance to underwater
acoustics and electroacouitics as scientific and engineering tools, As man hime

- sell penetrates deeper into the sea and secks 1o free hisell of encuinbering

elecieinal cables, e!ccuwauﬂw imuumems e s his ey, his ears, and his
voval apparatus.

Acoustics, patvcularly underwater acoustics, §s nol a vesy procise seisitce.
The sevond sgnificant fighe i a rieasuteraont usually i in doubt and the third,
usmally meaningless.  Accuracios of £ dB (oe about 210% presivce amplitude)
age uite aceoptable in must cireuinitances. AL least patt of the reason for this
is the instability of the medium and e unfaverable wiieirment in which the
elevteoscoustic insliviments must opetaie. Except under the contiolled conditions
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that can be achieved only on a laboratory beach, water is not the simple,
stable, homogeneous, quiet, and harmless medium that the layman imagines.
The_effects of temperature, hydrostatic pressure, dissolved saltsand gases, marine
life, pollutants, bubbles, weather, and boundary conditions are the bane of all
who attempt scientific measurements in the ocean. Indeed, the physical chem-
istry of water itself is poorly understood.13 Designing underwater instruments
suitable for long-term immersion is as yet a young technology.

Water is much more dense and much less compliant than air. Its character-
istic impedance is about 3,500 times that of air. These characteristics, plus the
instability and hostility of an extended water medium, make the techniques for
electroacoustic measurements underwater quite different from those used in air.

Other well-known books4-15 and references16 treat the science and technology
of electroacoustic measurements, but only to a very limited extent or only
for air acoustics. It is the author’s purpose here to provide a comprehensive
survey of the theory and practice of underwater electroacoustic measurements.
The only previous literature in this specialized field is the well-known, but now
obsolete, “red books™ of World War 11.17-20

P

1.2 A Little History

The history of the science and technology of calibrating underwater electro-

acoustic transducers begins about 1941, Before that time, interest and activity

" in this field was very sparse. A few scientists, mostly in foreign countries, 21-25
had experimented with methods of measuring sound pressure in fluids, but
their methods were very complicated and of little practical use outside of a re-
search laboratory. Calibration methods for air microphones had been developed,
but these methods were not feasible for underwater measurements and were
limited to audio frequencies. In 1941, on the eve of the United States participa-
tion in World War II, the U.S. Navy's capability for calibrating sonar transducers
was negligible.

The Office of Scientific Research and Development, recognizing the paucity
of research in this area, entered into a contract with the Bell Telephone Labora-
tories (BTL) in July 1941 and with the Columbia University Division of War Re-
search (CUDWR) in March 1942 for the establishment of the Underwater Sound
Reference Laboratories (USRL). BTL was to supply measurement instrumenta-
tion and systems; CUDWR was to operate the laboratories, do research on meth-
ods, and perform calibrations.

In 1940 and 1941, MacLean26 and Cook?? independently devised methods for
calibrating electroacoustic transducers by using the reciprocity principle. Only
electrical measurements and a few easily determined constants were required.
The reciprocity calibration method proved to be a breakthrough that hastened
the development of the science of calibrating sonar transducers. In the summer
of 1942, only a few months after its establishment, the USRL began to study
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and test reciprocity calibration concepts, and found the method to be an accur-
ate and reliable technique for testing and evaluating sonar transducers.

In the period 1942-45, development of sonar transducer calibration, test, and
evaluation methods advanced very rapidly at the USRL!7 and at sonar develop-
ment laboratories at Harvard!¥ and the University of California.20 The reci-
procity calibration method was put on a firm theoretical and experimental basis.
Practical procedures were worked out for making measurements in shatlow lakes
and tanks.

Standard hydrophones were developed by BTL using Rochelle salt and am-
monium dihydrogen phosphate piezoelectric crystals. Hydrophones in which the
interaction of electric currents and magnetic fields (magnetostriction) was
utilized also were devised and built. BTL developed wide-frequency-band
sound sources or projectors using piezoelectric crystals for the ultrasonic-
frequency range, and modified moving-coil loudspeaker principles for the audio-
" frequency range,

The Massashusetts Inctitute of Technclogy’s Underwater Sound Laboratory
dev:loped Rochelle salt hydrophones and a condenser hydrophone system in
whicit an impedance bridge modulated-carrier principle was used. The Brush
Development Company built several types of piezoelectric wide-range trans-
ducers.  The Harvard Underwater Sound Laboratory exploiied the principle of
maynetostriction for many types of transducers. Natural piezoelectric crystals
weie used 10 a limited extent—tourmaline at the Naval Research Laboratory and
quirtz at BTL. Industrial organizations like the Submarine Signal Co., General
Ele ‘tric, Sangamo Electric, and the Radio Corporation of America made other
contributions.

At the end of World War Il in 1945, it was possible to calibrate a small hydro-
phone from 2 Hz to 2.2 MHz under ambient environmental conditions. Projec-
tors or sound sources weighing up to a few hundred pounds could be calibrated
from about SO Hz to 140 kHz, wath driving powers of 1% kW evailable in the
audio-frequency range. When prossure was a variable, the capabiities were
limited to 2-100 Hz and 100 psi for small hydrophones only. and to 10-150 kHz
and 300 psi for fairly small hydrophones and projecrors (less than 100 Ib).
Standard hvdrophones and projectors were adequate, but tar from ideal. Stability
with time, static pressure, and temperature in many cases was poor fr *stand.
ard™ purposes. Sound sources generally were cumbersome, and response curves
were not smooth and ot as s desirable in calibration work. The measuring sys-
tems were not capable of puised-sound measurements. Good free-fivld, or un-
bounded medium, conditions wore generally assumed but seldom obtained. Thus,
in wpite of great strides forwurd during World War 11, the state of the arl in 1945
wus still relatively crude,

After World War I, the sharp drop s militasy-conneted resssrch and develop-
ment affected underwater aeoustivs and soiar catibration work. Almost all pri-
vate organizations, arwl purticularly universitios, which had been setive in this
fiehd during the war withdrew wholly ot partially from this activity. Respousibility
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for operating the university-managed laboratories was transferred to the
U.S. Navy. The California group became the Navy Electronics Laboratory. The
Harvard group became the Navy Underwater Sound Laboratory in New London,
Connecticut, and the Navy-supported Ordnance Research Laboratory at Penn-
sylvania State University. The Columbia University Underwater Sound Refer-
ence Laboratories were transferred directly to the Navy.

In the early 1950s, research and development on measuring methods, trans-
ducers, and systems was resumed, mostly at the newly established naval labora-
tories or at Navy contract supported activities. Progress has been significant, as
the many citations in this book will attest. There no doubt will be unintentional
omissions from these citations. The author apologizes for them. Many omis-
sions pro_ably will involve European developments. Acustica has been the main
reference for European work, but the author knows well that some work has
been documented in other publications and has escaped his attention.

For those readers who wish more history about the broader subject of elec-
troacoustics, Hunt's6 book contains a very interesting chapier based largely on the
chronology of patents; also, the Submarine Signal Division of the Raytheon
Company has published a book, Submarine Signal Log (Submarine Signal Division,
Raytheon Company, Portsmouth, R.I., 1963), that describes the pioneering
years of sonar before and during World War 11,

1.3 Scope of Measurements

The measurements described in this book serve a broad range of purposes and
applications. .At one end is the research investigation, for which thoroughness
and accuracy are paramount and resisictions of time and complexity are second-
ary. At the other end is the quick and sin'plo test measurement used in produc.
tion or post-repair situations.

Electroacoustic measuroments are of twe gencm! types. There is the passive
measurement in which the scoustic signal is produced by some nanelectroacoustic
means such as marine life, machinery vibsation, explosions, mechanigal or hy-
draulic oscillators, but the sonsor is an alsctroscoustic hydrophons, Thev, there
is the active measurement where the sound is producad and comwllud by an
clectroscoustic transducer.

It is the active measurement that is rmde in basm calmxation. wst, and evaiua'
tion work, Most of the methodology discussed in this book pertains to active
measurements. ln a typical case, & source and a receiver are coupled by a water

medivm, An electrical signal Is fed into and riearused ut the input electrical

terminals of the sound source. An electrical signal then is measured at the out-
put of the receiver while the receiver is exposed to the scoustic radistion {rom
the source. Variations on this particular set of mens\ucmonts are the hasls of
most electroasoustic ovaluation. There are, of sourse, very mang ramifications
and complications due to frequancy, size, onvicoament, parpose, and so forth;.
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and initially, variousconstants must be determined. In the final analysis, however,
the measuremnents reduce to a determination of the electrical input and electrical
output--or, in electrical engineering terms, the transfer impedance of the network.
In calibration measurements in particular, one often does not know, nor is
he even concerned with, the acoustical pressuras being used. The whole electro-
acoustic-electre system is treated as an electrical two-port network. The acous-
tical part of the system is measured in terms of various dimensions, the acoustic
impedance of the medium, the speed of sound in the medium, and so forth. These
parameters usually are determined only once; they thereafter become constants
in the calculations. In some techniques, measuring these constants is the most
difficult part; in others, the measurement is simple, or handbook values are used.
The methods and theory of a wide variety of measurement techniques are dis-
cussed in Chapter 1I. Some of these are in common use; others have only highly
specialized apolications. Measurement practice in the widely used *“free-field”
technique is discussed separately und in detail in Chapter 1{l. The “near-field”
method, being relatively new and completelv difierent in concept from the others,
" is described separately in Chapter IV. Standard hydrophones, reciprocal trans-
ducers, and wide-range sound sources are the kev instruments needed in most
proctical measurements. The design of this specialized instrumentation is dis-
cussed in Chapter V. Acoustic baffles, windows, reflectors, anechoic coatings,
and absorbers are closely associated with underwater electroacoustic measure-
ments and transducers; evaluation measurements op them are-discussed in
Chapter V1.

1.4 Terminology

The Amencan National Standards Institute, Ing, (formerly The American
Standards Assoviation) has published o standard terminology?$ written under
the sponsorship of the Acoustical Society of Anicrica. This standard terminology
is used in this book whorever it applics. Specific terms are defined horein where
they are first diseussed In detail, -Acceptable terminology  however, I+ .0t static,
and the reader will find that some torms, such as Hertz, echo reduction, end near
Jleld are not included in the standard. Terms like eoupler and insertion loss are
used in a broader sense than in the standard, Stil other terms are used in an ab-
breviated form  divectivity partern instend of dircetional response patter, for
example. The standurd consists of about 50 pages; the roader is referred to it for
a comprehensive compilation of definitions.

Astde from definitions, the usage of some conunon terms needs some com-
ment,  In underwator scoustivs, tausducer usually means by implication elee
troacoustic trunsducer. Sometimes the meaning is even 1ot restrictive in imply -
ing a reversible electroucoustic transducer.  The latier meaning oxcludos smait
hydrophones with preamplifiors: tus restriction ix not standurd, and it is not
used in this buok. Tamsducer s used here as u collectve tenn for all kinds of
electroacoustic transducers. A pdrophone is an underwater mictophone o1 a




~

— 0 i e ot g

? . s :
'y RN

Y DU . RAPCIIN

-
¢ o & <

I3

.o N .

INTRODUCTION

transducer used to detect or receive sound underwater. Here, again, the use of
the term sometimes is more restrictive in that it is limited to those transducers
that can be used only as receivers. This meaning, too, is not standard, and no
such limitation is implied throughout this book. A projector is a producer or
transmitter of underwater sound. The terms hydrophone and projector are used
here only to imply the purpose being served by a transducer at the moment and
no assumptions should be made about its design, the transduction principle
involved, or its other capabilities.

Both receiving sensitivity and receiving response are acceptable terms, although
sensitivity is most commonly used. On the other hand, transmitting response is
the only acceptable term. The reason for this inconsistency involves the notion
that all types of instruments and devices respond in the sense that the output
responds to the input, but only sensors or detectors have sensitivity.

1.5 Measurement Parameters

The end result of most measurements is the value of an electroacoustic
parameter; that is, a ratio of an electrical variable to an acoustical one, or the
inverse. Typically, the sensitjvity (voltage/pressure) or the response (pressure/
current or pressure/voltage) is the electroacoustic parameter computed from
measured electrical data and various constants.

When the sensitivity (or response) is measured as a function of frequency, we
obtain a frequency calibration of the transducer, which is by far the most com-
mon type of measurement.

The basic and widely used standard electroacoustic sensitivities or responses
are defined as follows:

Free-Field Voltage Sensitivity; The free-field voltage sensitivity of an electro.
acoustic transducer used for sound reception is the ratio of the output open-
circuit voltage to the free-field sound pressure in the undisturbed plane progres-
sive wave. The (requency and angle of incidence must be specified,

Transmitting Current. for Voltage) Response: The transmitting cusrent (or
voltage) response of an electroacoustic transducer used for sound emission is
the ratio of the sound pressure apparent at a distance of one meter in a specified
direction from the effective acoustic center of the transducer to the signal cur-
rent flowing into (or the voltage applied across) the electrical input terminals,

In underwater acoustics, sensitivity and responss usually are measured and re-
ported in decibels. In such cases, sensitivity and response levels are the technically
correct terms; however, the use of decibels and levels is so common that level
often is omitted in the interest of brevity, without risk of ccafusion or ambiguity.

When the relative sengitivity (or response) is measused as a function of direc-
tion or orientation, we call it a directional response pattern, or more simply a
beam pattern or directivity patiern. The formal definition is:

The directional response pattern of 3 transducer used for sound emission or
recoption is a graphical description, usually in polar coordinates, of the response
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of the transducer as a function of the direction of the transmitted or incident
sound waves in a specified plane and at a specified frequency.

A complete or three-dimensional pattern usually is described by a compila-
tion of patterns in different planes threvgh the acoustic axis of the transducer,

When response or sensitivity measurements are made as a function of signal
level, we have the linearity or dynamic range. These terms are discussed and de-
fined in Section 2.15.

Electrical impedance is an exception to the outputfinput category of meus-
urements. It is stiil a quasi-electroacoustic parameter, however, because the
electrical impedance is a function of and often quite sensitive to the acoustical
characteristics of the medium into which the transducer is radiating sound. One
is still measuring an electrical ratio (voltage/current), as in most other electro-
acoustic measurements, but, unlike the others, the phase between the two signals
is important.

Phase in an absolute sease has little application in electroacoustic measure-
ments aside from impedance, because it depends on an arbitrary choice of where
the phase of the acoustic signal is measured. The wavelength of the signal in
water often is smalbler than the transducer, and the sclection of the measuring
point for the acoustic signal would have a large effect on an ¢electroacuustic phase
moasurerent,

Efficiency is a computed parameter, because direct measurements of electreal
and acoustical power are not feastble. Other parameters like directivity factor
and equir alent noise pressure also are computed from sensitivity (or response) and
i npedan e measurcments.

Othor variables used in these measurements are environmental factors (hydro-
static pressure and temperature), the kind of signal (vontinuous wave, pulse,
noise, impulse, ete.), the boundary conditions of the medium (free field, rever-
bavant tank, baffled or unbaffled transducer, with or without a dome, etc.), und,
of course, various internal (hanges ur adjustiments that can be made on particular
trunsducces (elements connected n series or parallel, with or without a trans-
former, ete).

Basically, there are three vategories of electroacoustic parameters (1) Sensis
uvity or response that is measured directly as a function of freque ncy, signal
lovel or type, environmental factors, orlentation, and so forth: (2) anpedance,; -
and (3) purameters computed from (1) and (2).

1 6 Decihels

The cecibol system i widely used in underwater electroacoustic measur.
ments.  There are sveral teasons. One has roots i the tradition or history of
u:oustics, pacticuizely paychological acoustivs. The enr perceives approximately
the same difference in loudness between §oand 10 umits as between 10 and 100
units,  That s, the ear is 4 logantunic deteetur, Con- equently, a logarithmie
saale or measuring system hke the deaibal scale is very uselul. Human heanng




8 INTRODUCTION

and acoustic phenomena, in general, range over extremely wide values of signal
amplitude~the order of 1012, For this reason, too, a logarithmic scale is con-
venient. Finally, in underwater electroacoustic measurements and in many other
special areas of acoustics and communication engineering, the interest is in signal
ratios rather than in absolute quantities. Decibels are a convenient measure of

ratios.
The classic concept of a decibel is given by the equation

n = 101ogs [‘—;ﬂ, (.1

where Py /P, is the ratio of two powers and n is the number of decibels.
Parameters that are essentially equivalent to power (acoustic intensity / or
power per unit area, for example), are described similarly:

4 = 1010850 [-j—;] (12)

The convenience of the decibel system has led to its use in describing ratios
of other parameters that are proportional to the square root of power: voltage,
current, pressuse, velocity, and so forth, Such use is valid and consistent with the
classic concept, if these other parameters can be related to power. This relation-
ship usually involves an impedance, sometimes specifically stated and at other
times merely implied. In electroacoustics, the decibel system is carried a step
further and used to specify output/input ratios like the sensitivity or response of
a transducer. Then, the logarithm of a ratio of ratios actually is used, and the
connection with power and impedance becomes somewhat tenuous,

Consider, first, however, the application of decibels to specify, by means of
the relationship P = ¢3/R, the ratio of two powers P, and Py separated in space
or time, : ,

| e
P R '
Py | A
e lOlOg[Po] = 10} ?{ (13)
. ,R° ’
er| S_Rg.

ns 20%0g [SL]. , (14)

rx -

Equation (1.4) gives the ratio of two voltages in decibels when they shate a
conunon impedance. The ratio of two custents, sound pressuses, and particle
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velocities would be given in the sume way with some provision of common
impedance.

Typical applications would be vollages at two points on the sume uniform and
effectively infinite transmission line. free-ficld sound pressures at two distances
from the same projector, and currer:ts in the same circuit at two different times.

The second application of decibels is to specify the amplitude (usually rms
amplitude) of a parameter at a single point in time and space relative 1o a refer-
ence amplitude. In Eq. (1.4), for example. eq would be some standard or speci-
fied reference value and ¢, would be meusured relative to eg. Such usage is
identified by the termlevel. as, for example. voltage level or pressure level. Here,
it is understood that e, and eq are measured across the same impedance. When
ey is one volt, the voltage level of e, in Eq. (1.4) is, by definition, given in dBV,
which is read as “decibels referred to 1 volt.”

Similarly, sound pressure p is defined in terns of sound pressure level SPL:

SPL = 20 log[—gi] , (1.5)

where pg is a reference pressure.

There is no universally accepted standard reference pressure. The prossure
0.0002 microbar is used i air acoustics and has been used in undarwater noise
acoustics. The pressure 1 microbar has been used in sonar work and underwater
clectroacoustic measurements other than noise since World War I, In 1968, one
micronewton per square neter was selected as an American standard reference
pressure level for acoustics in liquids, It has the advantages of being a power of
ten, being small enough s that negative pressure lovels are virtually eliminated,
and fitting easily into the MKS system of units and the standard system of pre-
“fixes (milli, micro, ete.). The various reference pressures are shown schematically
in Fig. 1.1,

The decibel system also §s usad to specily the eutput/input ratios o two-port
notworks and transducers  When used in this way, the system loses most of its
connection with power ratios. It must, however. still be consistent with Egs.
(1.4) and (1.5). A voltage amplifier, for vxample. may have a numeris gain of
10, which means that ’

0 )op JulpuLYOltage = 20d]
log o g © 0logl0 =204 (Le)

The voltages du nat have a commen impedance; however, the impedance condic
tions at both the input wnd output are fixed. The input voluge, of course, is
weasured across the inpw dnpedance of the amplitier; the output voltage, across

a specified loud impedancs. '
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Similarly, the free-field voltage sensitivity M is given by

open-circuit output voltage
free-field plane-wave pressure *

201logM = 20log .

Here, again, there is no common impedance, but the impedance conditions are
fixed, The voltage is measured across an open-circuit or an essentially infinite
impedance and the pressure is measured in a wave with a characteristic imped-
ance of pc, where p is the density of water and ¢ is the speed of sound. In Eq.
(1.6), the units of voltage are immaterial as long as the same unit is used for both
input and output. In Eq. (1.7), the voltage and pressure have nothing in com-
mon. It is necessary, therefore, that the voltage and pressure each have a refer-
ence value, or that a combination of Eqs. (1.4) and (1.5) be used instead of Eq.
(1.7). Thus, we have a ratio of ratios,

20logM = 20105 4. | (1.8)

where (€00/py)o is a reference sensitivity level. The reference veltage always is
one volt.

The reference free-field pressure in underwater acoustics has been standard-
ized at one micronswton per square meter, but other levels in Fig. 1.1 may con-
tinue to appear, particularly in old measurement data, A free-field voltage sen-
sitivity level, therefore, is given in dB referred to one volt per mictonewton per
square meter, o1, abbreviated, dB re 1 V/uN/m2.

A transmitting current response level similarly is given in dB re 1 uN/m?® at one
meter per arpere. Since sensitivity and response almost always are given in
decibols, the term level ordinasily is not used, Sensitivity and sensitivity kvel
are understood to be synonymous, as are response and response level,

The decibe! system is not without its problems. Troubles arise largely from
_ attempts to extend the system too far. Suppose, for example, that in u special
case an (acoustical power output)/(voltage input) transmitting response is desired.
Neither 10 nor 20 times the logarithm of Pfe would be consistent with Egs. (1.1)
and (1.4). One would have to use 10 log Ple? or not use decibels at all. The
reference response level would have to be in watts per volt squared (W/V2). As
another illustration, application to a parameter like an impedance Z is not
recommended, because both 10 log Z and 20 log 2 appear in different civeun.
stanices, as for example in 10 1og P = 10 log i2R and 20log ¢/i @ 20 log R. Fin-

ally, users of decibels sometimes forget that aumbers of decibels represent ratios
expressed in term of exponents of ten, not the actual value of a quantity; cons
‘sequonaty, decibels are not subject to the ordinary vules of arithmetic. Doubling

R T ==
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a pressure amplitude does not double a pressure level; it increases it by 6 dB
(actually, 6.02 dB = 201log 2 = 20 x 0.301, because 2 = 100-301),

Decibels should not be averaged unless one seeks a geometric mean or unless
the difference between the arithmetic and geometric mean is negligible, Where
the difference in levels is 4.0 dB or less, the average level (geometiic mean)
will differ from the level of the average signal (arithmetic mean) by only 0.2
dB or less. The crror in averaging decibels always results in a level that is too
low,

1.7 Units

The units used in underwater science and technology unfortunately are a con-
fusing conglomeration of the English, cgs, and MKS systems. The mixture occurs
because underwater acoustics is involved in the whole range of technical activity
from basiv science to production engineering. In addition, naval and nautical
tradition influences theuse and se'ection of units. It is not unusual to see fathoms
and centimeters used in the same report o discussion. Scientists who diligently
promote the usage of meters, liters, newtons, ctc., still regularly use pounds per
square inch for hydrostatic pressure. Hopefully, this matter will improve with
time. Current common practice is used in this book.

Workers in electroacoustics have a particularly unusual situation, since they
dedl simultaneously with electrical and acoustical parameters. The practical or
MKSA system is used for electrical measurements, while the cgs system has been
used for acoustical parameters like pressure, velocity, density, ete  In the result.
ing hybrid system, for example, hydrophone sensitivity is oxpressed in volts per
microbar, A worse example is the transmitting current response of a transducer,
which usually is definnd as the output pressure in microbars measured at one
meter from the transducer for a one-ampere mput. In some applications, how-
evor, the Navy prefers to measure the sound pressure at one yard instead of one
meter. thereby mtroducing all thiee systems of units m one paramater.

There has been a gradual change from the cg» to the MKSA system in the
scientiic commumity. This s a sensible rwve that may be complete in another
decade or s0. Change probably will be mch slower among those who are sen
sitive 1o tradition or o the vost of chunge.

The units used with some of the cormm m smamcwts are given in the list that
follows, along with some convension factor.,

acoustic pre«ne e - Barg [dynes/contimeter® ).
aew tonifngier?
{Note: 10 phare | Nid)
Sk onewtonimeter?

hydrostated § ressure C ponshnch?
o kil zransfinetes?
(Neter 1 psi 2 703 kgai?)
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velocity
volume velocity

voltage

current
electrical power
acoustical power

acoustical intensity

electrical impedance
acoustical impedance

specific acoustic impedance

speed

time
frequency
bandwidth
temperature
efficiency

. centimeters/second

meters/second

centimeters3 /second
meters3/second

volts
amperes
watts
watts

watts/centimeter?
watts/meter2

ohms

acoustical ohms

(Note: The accustical ohm is pressure/
volume velocity in cgs units; the MKS
acoustical ohm is pressure/volume ve-
locity in MKS units.

rayl or acoustical chmfcentimeter2

MKS rayl or MKS acoustical chmfmeter?

(Note: specific acoustic impedance often
is referred to as the rho< of the
medium, because it is equal to the
product of the density p and speed of
sound ¢.)

grams/centimsterd
kilograms/meterd
(Note: 1 glemd = 103 kg/m3)

centimetersfsecond
meters/second

seconds

hertz (cycles per second)
hertz -
dagrees Celsius

percent of numeric ratio

Electroacoustic patamaters almost always ate described in terms of levels, and
the unit is tie decibel. 1n these cases, both the number and kind of units used in
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the reference level are important, Mention has been made of the various reference
pressures in Section 1.3 and Fig. 1.1. Each can be substituted for pressure in
the following reference units,

free-ticld voltage sensitivity volts/pressure unit
transmitting current response  (pressure at 1 meter)/amperes
tran imitting voltage response  (pressure at 1 meter)/volts

{ microbar

e 0.0002 miceodar of

20 micronswton/meter2

26ub

= | migronewton/ metere

Figs L1, Relerenue prowsuie lavely,

Sutee the dis grecinesst about reference lovels sil pertaing 1o the pressute aml
not 10 the volta: ¢ ot cussent, the diffesences shiown in Fig, 11 will apply alto to
Uie sensitivily wid fesponse lovels. A change froim the mictobar 0 e
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micronewton/meter? level, for example, will mean an even -100 dB change in
sensitivity level, and a +100 dB change in transmitting response level.

1.8 Symbolism

Letter symbols as standardized by the USA Standards Institute29 are used in
this book. Some symbols, such as M for microphone or receiving sensitivity and
S for speaker or transmitting response, are not defined in the standard but are
used in other related standards. 16,28 Such implied standard symbols also are
used here. Symbols are defined when they are introduced in the book. A com-
pilation of symbol definitions is provided in the appendix; basic symbols and sub-
script symbols are listed separately,

The English and Greek alphabets are inadequate to provide a completely un.
ambiguous set of symbole. Where one letter has more than one reaning, the
context in which it is used will make clear which meaning is appropriate.

1.9 Analogs and Network Theory

Electromechanical and electroacoustica! analogs are w:dely used analytical
tools in electroacoustics. Anyone who secks even a superficial understanding
of electroacoustics for any purpose should be familiar with at least the elements
of these analogies.

The direct or impedance analogy is the oldest and most used of the two types
of analogies, I is used in this book. Olson® and othersS:? describs it in detall.
The basis of the impedance analogy is that the fotlowing characteristics are equiv-
alent or amlogous :

forse : voluage
velocity : curcent ,
mechanical impedance : electrical impedance -

- 'The impedance anslogy is most useful with transducers in which clwtmal coU

pling is used (piezoelectric or condensar), .
The inverse or mobility analogy, dew!aped by Fizcstone,30.31 iy based on lhe

- followmg analogous rdaumﬂzl;&

foree @ eunent
velocity | woltage
umhmiw admittance (obility) : electrical impedmce

The mobllity analogy is most useful with transducers in which magnetic o
pling is used {magnetostriction and moving coll).

When analogies ate used to desitibe 2 pute mechanical or acoustical system,
either analogy is applicable and the choke is arbitsary, but, as :lmdy mcuunwcd
thempedmuwm isuwdmoﬂmmpmm ‘
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In addition to using analogies, it is convenient in acoustics and electroacoustics
to draw heavily on clectrical network theory. Thevenin’s theorem, filter theory,
the superposition theorem, irpedance-matching concepts, transmisston line
¢ juations, wavetonn analysis, and so forth, all are used directly in or ad pted to
use in acoustics. These subjects are found in such communication engnecring
references as Terman32 and Everitt 33
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Chapter 11

METHODS AND THEORY

2.1 Introduction

The most-often used electroacoustic parameter i. the free-field voltage sensi-
tivity of a hydrophone cxpressed as a function of frequency. It usually is
determined by either the comparison method or the reciprocity method. The
theory of these two common techniques will be discussed in this chapter and the
practical details of calibrating standard hydrophones or sonar transducers in a
free field or open water will be reserved for Chapter 111 because of their impor-
tance. Both the theory and practice of other metliods that generally are more
specialized and of restricted applications will be discussed completely in this
chapter. The descriptions will be complete enough to acquaint the reader with
the limitations as v.cll as e applications; additional details are availuble in the
references citva, The near-field method, being a unique and recent development,
is treated soparately in Chapter IV.

Of the methods to be described for calibrating a transducer, all ¢xcept the
techniques that require a calibrated standird transducer are considered to be
primary methods, A primary method reqires basic measurements of voltage,
current, electrical end acoustical impedanc: , length, mass (or density), and time
(or frequency). In practice, handbook valu s of density, sound speed, elasticity,
and su forth are u-ed rather than directly 1neasured values of these parameters.

The secondary methods are those in which u ransducer (usually a hydro-
phone) that has been calibrated by a primary mothod is used as a reference
standard. The compurison calibration of o hyd aphone is an example of a
secondary mothod.  Since a callibrated mipedance bridge, voltmeter, oscillator,
and so forth may te used in o pidmury method but 1 calibrated hydrophone may
not, this distinciion buetw-en princary and secondary methods perhaps is arbis
trary. novertheloss, the distinetion <« mada in under vater acoustics,

The methodoloyy we a @ conce ned wit'y hore provides means for measuring
the magnitude, and some imas th - phase, f electiicol voltage and current und
acousticyl pressure und particle volocity, or thei ratios. The theowy for the
purely electrical mcasurernimts {8 well knuwr, and t ¢ pead for maasuring particle
velooity is small: vonsequsntly, it 18 the m2asuren ent of acoustical pressure or
fatiox involving wecustivid yressure ot is the major subjoct of this chupter,

17
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2.2 Secondary Methods

Secondary methods for calibrating transducers, particularly hydrophones,
require fewer measurements and provide fewer sources of error than do primary
methods. Secondary methods, therefore, are more generally used for routine
calibrations, although the accuracy of secondary calibrations never can be better
than the accuracy of the primary calibration of the reference standard, if only
one standard is used. Accuracy and reliability can be increased by averaging the
results of measurements with two or three standards. This practice also detects
failures or deterioration of the standards. Secondary calibrations usually involve
standard hydrophones rather than standard projectors for reasons that will be
given in the sections to follow.

2.2.1 Comparison calibration of hydrophones in a free field

The term “hydrophone calibration” implies a measurement of the free-field
voltage sensitivity of a hydrophone. The free-field current sensitivity almost
never is used, and is largely of only academic interest.

A free field is a homogenecus isotropic medium free from boundaries. A
perfect free ficld, of course, never is achieved., Much of the cost and effort
expended in underwater electroacoustic measurements is attributable to the need
for establishing good approximations to free-field conditions, or somehow cir-
cumventing the need for a free field. Reflecting boundarius, temperature
gradients, gas bubbles, marine life, and so forth, all contribute to imperfect free-
field conditions, A frec-field measurement is one in which an assuraption of fres.
field conditions is a necessary part of the measurement theory, even though varis
ous practical means (pulsed sound, sound absorbers, data corrections for inter-
ference caused by reflections) are used to counteract the absence of a true frec
ficld, Natural bodies of water, artificial pools, and large tanks are used for free-
field measurements.

A comparison calibration of a hydrophone is a simple measuroment, and when
properly made, it is reliable and accurate, This method consists of subjecting
the unknown, or hydrophone being calibrated, and a calibrated reference or
standard hydrophone to- the same free-field pressuse, and then comparing the
electrical output voltages of the two hydrophones. The method also is known
as the substitution method, because the unknowr ix substituted for the standard
without otherwise changing the imeasusoment conditions.

Agsume that we lisve s free-field water medium. A sound fletd is established
in it by ‘spherical waves emanating from a projector. Theoretically, the charac-
teristicyof the prajector are ferelovant. It isnecessary only that it produce sound
of the desired-frequency and of sufficiently high sigial level,

The standard hydrophone is immersed in the sound feld. It muet be far
_ enough from the projector that It intercepts & sogment of the spherical wave
small enough (or having & radius of curvatuee laege enough) thet the soguent is
- indistinguishable from a plane wave. Note that the definition of freo-fleld
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voltage response in Section 1.5 specifies pressure in a plane wave. Any nearby
housing for preamplifiers or other components must be included in the dimen-
sions of the hydrophone because the presence of such housings may aifect the
sensitivity. The theory and practice of proxunity requircinents is discuss :d more
fully in Secticn 3.4.

Unless the standard hydrophone is ommdirectional, it must be ori :nted so
that its acoustic axis points toward the projector. The open<circuit output volt-
age e, of the standard hydiophone in such a position ana orientation is measured.
The standard hydrophone then is replaced by the unknown hydrophone, and the
open-circuit output voltage e, of the unknown is measured. If the (ree-field
voltage sensitivity of the standard is M,, then the sensitivity of the unknown M,
is found from

- Mgy
€s

M, , Q.1

or, in decibels,
20logM, = 20logM; + 20loge, — 20log €. (2.2)

In spite of the simplicity of the method, comparison calibrations arc subject
to crror of four general types: (1) fallure to measure the voltage under true
open-circuit conditions, (2) instability of the standard, {3) absence of a true
free ficld, and (4) absence of a sufficient signal-to-noise ratio.

The output voltage and the sensitivity of a hydrophone are measure | at some
specified pair of electrical terminals, If the hydrophone has no preamplifier, the
spevified terininals are at the end of the cable, and the cable may not be changed
without jeopardizing the calibration. 1t is necessary also to adopt some standard
clectrical grounding condition like, for example, conneeting both a ¢ iblo elec-
teic:l shield and one conductor to electrical grouns at the cable end.

‘The voltim rter or other voltage-measuring system at the end of the hycrophung
cable must tave an input impedance very high i comparison with the hydro-
phune output impedance or the loading effect of the voltmeter must be measured,
- (Sew Section 3.6.) Hydrophones with small high-inpedance piczoeleciric genera.
tors and preamiplifiers ure calibrated eicher st the terminals connecting the
“piesaglectric gencrator output to the premnplifive input, or at the end of the
cabie, The tormer methud requires u special valihration or coupling eireuit (soe
Section 3.6) to measure the combined effect of de absence of vponscireult con-
ditiong and the preamplitier gun or loss, This “crystal output” type of calibra-
tion hus bevn in vogue evor sinee e hnatlal development of sonar calibration
methods in World War J1. fts philosophy was that the hydrophone calibration
shoald be wdependent of the vagaries of preaphflers: however, experience
sinwe World War I has shown that the electname preamplitior (typically a cathode
fultower) usu.idiy is as stable as the electoactusin slement. With this experionce
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and with the development of even more stable solid-state preamplifiers,
end-of-cable calibrations now are acceptable and in common use. The problem
B of measuring an open-<ircuit voltage is common to all calibration techniques
- when a high-impedance hydrophone is being calibrated or being used.
Hydrophones are subject to many influences that affect the stability of their
sensitivity, Hydrostatic pressure, temperature, rough handling, marine fouling,
corrosion, and water leakage are some of the more obvious deleterious influ-

-. ences; others are more subtle, but no less important. Many hydrophones have
k- small piezoelectric or piezoceramic generators with very high electrical im-
10 pedances. The leakage resistance of such generators must remain very high—100

, to 1000 megohms (see Section 3.6). The usual rubber materials that protect the
generator elements from the water medium are not completely waterproof. Over
a period of a year or so, minute amounts of water will diffuse into the generator,
lower the leakage resistance, and cause a drop in sensitivity at low frequencies.
Subtle chemical changes among the metals, oils, crystals, rubbers, plastics, and
so forth, also will tend to pollute the generator environment and affect the
3 hydrophone sensitivity. With the present state of the art, even a high~quality
standard hydrophone should be recalibrated at least once a year. Sensitivities
measured at some nominal temperature and hydrostatic pressure cannot be
assumed to be valid at other temperatures and pressures,

The absence of a true free field is the most prevalent source of error or
trouble. Reflections from the surface, bottom, walls, piling, rigging equipment,
etc,, and temperature gradients, gas bubbles, marine life, debris, water turbu-
lence, otc., all disturb the free-field conditions. If the two hydrophones are
influenced equally by a disturbance, the errors cancel. Often, this is not the
case, however. For example, an omnidirectional hydrophone will be more
influencod by interference from reflections than will be a directional hydrophone.
The standard should be as much like the unknown hydrophone in size, shape,
and design as is practical,

A variation of the comparison method is the practice of simultaneously im-
mersing both the standurd and the unknown hydrophone in the medium and in
the same sound field. Since the two hydrophones cannot be in the same position,
this technique requires some assurance that the sound pressure at the two loca
tions is the same, or has some known relationship. [If the hydrophones are
placed close together, the presence of one may influence the sound pressure at
the position of the other, and the free-fleld conditions will be affected. If the
hydrophones are placed far apart, reflections from boundaries and the directivity
of the projector may produce unequal pressures at the two locations. [f the
boundaty and medium conditions are stable, the relationship between the sound
pressures at the two locations can be measured. The disadvantages of this varia.
tion in the free-field comparison method usually outweigh the advantages, and
the method is not used very much,

The signal-to-roise ratio is the ratio of the signal amplitude being measured
to the unwanted but over prosent electrical and acoustical noise. The noise

e ——
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must be low relatve to the signal if the latter is to be measured accurately. It is
this limitation that makes it impossible to calibrate hydrophones of very low
sensitivity.

2.2.2 Standard projector calibration of a hydrophone

A hydiophone can be calibrated by reference to a standard projector rather
than a standard hydrophone. If a projector is driven with a measured current i
and its transmitting current response S, is known, the fre :-ficld sound pressure at
a point d meters {rom the projector and on its acoustic axis is iySg/d. 1f a hydro-
phone to be calibrated is placed at this point and its output open<ircuit voltage
is ¢, then the hydrophone free-field voltage sensitivity M is

exd (2.3)

iS5

The distance d must be large enough so that proximity etfects are negligible.
This kind of calibration measureinent requires only one transducer besides

the unknown and only one equipment arrangement; however, the calibration and

use of standard projectors has serious drawbacks that are discussed in Section

2.24

My =

2.2.3 Compar:son calibration of hydrophones in sma.| tanks

The technique »f simultancously subjecting a standard and an unknown hydro-
phone to the sane sound pressure is most often used when the sound is pro-
duced in 4 small closed tank, 1{ the largest dimension of a closed tank is much
smaler than a wuvelength of sound in water, the sound pressure is essentially the
same everywhere in the tank. The tank must be elosed in the sense that the
water medium Is eutizely confined by high-impedance or rigid boundaries, Any
water-air surface. air bubble, compliant wall, or other low-impedance boundary
wil result in high pressure gradients, As an illustration, consider two small see-
tions of a standing-wave system as shown i Fig. 2.1, Where the wave impedance
is high, or at the pressure antinode, the pressure amplitude 1s changing slowly
with position: where the wave impedance is low, or at the pressure node, the
pressure umplitudic Is chunging rapidiy with posiiion,

The suund pressure acting on each hydrophiene in o small closed tank will be
evsentialhy the same. This sound pressuie is the vetual  plied pressure, howaver,
and the rolationship between this apphied prossure ane the corresponding free-
field provsure must be known o u tree-feld voltuge sersitivitv calibeation is de-
sred.  When a hydrophone is calibrated in terms of he applied pressure, the
cutibration is caliad a pressure sensitiviey,  To visualize the relationship betwieen
the freedield anv pressuve sensitivities, consiider Fig, L2, A hydrophoue m a
frve Tield s reprsented as 4 network with twe electnizal ouiput «eminals and
tWo deoustie inpot terminals, The appiied prossuie p,, appedrs aiross the input
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HIGH-IMPEDANCE —— PRESSURE DISTRIBUTION
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Fig. 2.1. Pressure and velocity distribution in a standing-wave system.

terminals. The input acoustical impedance is Z,. The free-field plane progres-
sive waves of pressure py that impinge on the hydrophone are represented by the
acoustical Thevenin generator. The generator pressuse p, is the average pressure
acting on the hydrophone diaphragm when the diaphragm is blocked, or when
Z, -+, The generator impedance Z, is the acoustical impedance observed at the
hydrophone terminals when looking into the acoustical generator, Then Z, is the
radiation impedance observed at the hydrophone diaphragm when looking out
into the water. The relationship between the blocked pressure and the free-field
pressure is given by

£ = p, (24)
by
where D is called a diffraction constant. The value of D depends on the hydro-
phone size and the wavelength, and can vary from 0 to 2.1,2 If L, the maximum
dimension of the hydrophone, is small in comparison with the wavelength ),
however, then D = 1. (See Section 5.2 for more on diffraction,)
The blocked pressure and the applied pressure are related by

Py o 2 .
o A TAR @9

It Z, D> Z,, then pyfpp =~ 1. Consequently, if L << ) and Z, D> Z,, then
Pre pa,and the free-field and the pressure sensitivities are equal,

As a general rule, pressure sensitivities ave measured and used only when they

- are the same as the free-field sensitivity. In any case, a valid freefield sensitivity

calibration in a small tank is obtained only when L << N and 2, >> Z, for all

‘hydrophones used, These criteria apply for both comparison calibretions and

primary calibrations that will be discussed later, An exception would be the
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HYD, - Zg Pp =Dp'

S

J

ACOUSTICAL THEVENIN
GENERATOR

Fig. 2.2, Eled trical analog of « hydrophone in a f ce field, with the free-field sound pres-
sure represented as an acoustical generator according to Thevenin's Theorem; p, 1 the
appiicd pregs aee, py is the Thevenin blocked pressure, p ris the free-field pressure, Z, 15 the
hydrophone radiation impedance, D is the diffraction constant, Z; is the hydrophone
acoustical impedance, and e is the voltage.

special case where the unki-own and the sta.dard hydrophone in a comparison
calibration | ad identical Z,, Z,, and D.

Since ou. hydrophone must fit into a tank that is much smaller than a wave-
length, the 1equirement L <<\ is automatic ally fulfilled, and Z, must be : mall.
Virtually ali conventional hydrophones, except moving<oil types, meet the
Z, >> Z, wquitemunt, except near u resonance. '

In summiry, then, it is feasible 1o calibr: te small, hard, nonresonant hydro-
phones in small clos:d tanks.,

Figure 2.3 is a schemati:: diagram of a typical closed tank systom, Figure 24
is an electneal analog ciruit of the system, It i assumed that the particle
velotity in the medi im is negligible except n2ar the frojector diaphragm. Conse-
yuently, near the daphrag v, the scoustic impedan:e is the inertia of the mass
of a small vo'ume of the medium near the diaphragm. Away rom the diaphragm,
the ucoustic impedunce s walnly the complance of a relatively large volume of
the medium. The impedan zes of the tank walls or boundanies and of the hydro-
phonesare 1 paralkl with 11e medium compliance, t-ut assuned to be high, The
calibmtion formula s the save here us for the free-fie d calibration case, Eq, (2.1)
or (2.2).

In thws wethod, he medium Revd not be water. Other hiids may be used-
usually to ¢htain a longer vavelength or to <hange tive eleciacal conductance of

*the medivm, Al or other gases abso can be used, Fut only at the saerifice of 8

lower masinum wable froqueney, A wavelength wn air is about one-fifth the
wavelength m wate at the ame frequency. The usst mption of a tank size miuch
umaller than a wavel ngth bcomes invalid In aie at a @ requency equal to one-fifth
the luniting frequency i water. Since the comp unce < of the aredinm in
Figs, 2.3 and 2.4 bcomes tigh when the medinm is aie, p will be low unless the
velucity & 1 made cortespondingh large.  The vel sy can -be made large by
wiing air loadspoal ors g5 ofoctorse Since usiig ic as the avoustic medivm
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Fig. 2.3. Typical small closed-tank system; § is the standard
hydrophone and X is the unknown hydrophone, e; and e,
are output voltages, m is the mass of the fluid medium near
the diaphragm, and C is the compliance of the fluid medium
away from the diaphragm.

| | *

Fig, 2.4, Electrical analog of the system in Fig, 2.3, 2\, Z;, and 2, are
the impedances of the walls, the standard hydrophone, and the unknown
hydrophone; p is the pressute in that part of the tank away from the

diaphsagm.

rosults in a low impedance everywhere in the tank rather then at tocal points of
low impedance, the pressure uniformity is not disturbed by a low-impedance
hydrophone. The use of air does allow the pressure sensitivity of a low-impedance
hydrophone to be measured, but such calibrations have little application in
underwater acoustics,

In one variation of this technique, the tank is open and very small. Tt is o sinall
and 50 desigited that all of the water is represented by a in Figs. 2.3 and 2.4,
Z,, and 1w are zero, and the hydrophones are placed in the moving mass of the

- water. Furihier details about this rather spocial techinigue are given in Section 2.5.2.

2.2.4 Calibration of projectors
A projector calibration is a measurcment of is transmitting current or voltage
tesponse. The curtent fesponse, being reciprocally related to the free-ficd voliage
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sensitivity, is preferred in calibration work. The voltage response is used in
sonar engineering and other practical situations where voltage is a more common
and more easily measured parameter or more constant with frequency than cur-
rent. Neither transmitting response is recommended for use in precision calibra-
t:on work because, among other reasons, such application requires exceptionally
pood free-field conditions. A transmitting response is referred to the pressure
produced at a meter away from the projector in a free field. Inpractice, measurc-
ments mav be made with even longer distance~. The pressure and the response
ar¢ dependent on both the transducer and the n:edium into which the transducer
radiates sound encrgy. In calibsating or using a standard projector, there is less
cancellaticn of interference errors than there is in the comparison calibration of
a hydroplione because, in the hydrophone calibration, only the ratio (or differ-
cuce in dB) of two voltages is measured.

Typically, the plot of response versus frequency for a projector is less constant
than the sensitivity versus frequency curve for a hydrophone. Projectors generally
are larger than standard hydrophones and thus are more subject to diffraction
effects, and they have more spurious resonances. Some projectors are nonlinear
and unstable at or near a resonance frequency. Al these factors weigh against
the use of standard projectors.

Projectors can be very stable at offsresonance frequencies—more stable than
small hydrophones, because the electrical impedance is lower and less sensitive
to changing leskage resistance and stray capacitonce. Being large, they also ure
directional. For the frequencies at which projectors are stable and directional,
they can be calibrated and used as hydrophones. Most standard hvdrophones are
small only because small hydrophones are versatile; that is, they are omnis
directional and their sensitivities are constant over a wide range of frequencies
(see Section 5.2).

Projectors usually are calibrated only when they are being evaluated as a part
of a sonur, oceanographic, or other underwater electreacoustic system. The
calibration measurdments are made by placing the projector in o free field and
electrically driving it with an arbitrary neminal current iy or veltuge eg. A
standard hydrophone with free-field voltage sensitivity M, is placvd at a distance
ol d meters from the projector and on the acoustic uxis of the projector, The
open<ircuit output voltage of the hydmphone €, 13 measured, The ttausmmmg
current response Sy ot vulmgc tesponse 8 ' is, then,

. ed '

.s = x-L-n N 2.6
*® N (2.6)
Y M—. Y

S e . 2.7

Note that Eq. (2.6) is 3 rearrangement of Eq. (2.3) with the roles and the sub.
senpts of e standaed aid the unknows: interchaiged.
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An alternate method of measuring S is a projector comparison calibration that
is analogous to the hydrophone comparison calibration. That is, a standard pro-
jector transmits sound that is measured by an uncalibrated hydrophone. The
standard projector then is replaced by the unknown, and the current (or voltage)
driving the unknown is adjusted until the hydrophone cutput voltage is the same
as that for the standard projector. Then,

Sy 3 (2.8)

S ey

Pt 29)

Sy’

where S, and S, are the transmitting current responses and S,' and S, are the
transmitting voltage responses of the unknown and the standard; i, and i, are the
respective driving currents; and e, and e, the respective driving voltages.

As in hydrophone comparison methods, errors due to reflection interference
may tend to cancel out in projector comparisons; however, projectors are more
often dissimilar in size, shape, and - directivity patterns than are hydrophones.
This advantage in the projector comparison method, therefore, is limited to the
exceptional case where the standard and unknown are of the same or similar
design,

All transmitting responses are defined in terms of the radiated pressure at one
meter from the acoustic center of the projector, This definition does not mean
that the measurements are made with one meter separating the projector and
hydrophone. 1f a projector is large, the one-meter point may be in the near field
or Fresnel zone of the transducer. It may even be inside the projector itself, as,

- for example, in a cylindrical projector of 2.m radius! Then, the actual measure-

ments are made at some distance larger than one meter where the diverging waves
are spherical and the inverse square law applies—that is, where the energy density
or the square of the pressure in the wave is diminishing in proportion to the
inverse square of the distance, The sound pressure then is inversely proportional
to distance, Values of pressure measured at d meters are converted to values at
one meter by multiplying them by d. For example, a transmitting response
measured at 4 meters should be multiplied by 4, or, in the decibel system, 20
log 4, or 12 dB should be added.

Most electroacoustic projectors are reciprocal, except perhaps at a highQ
resonance frequency. The transmitting cutrent response can be obtained, there-
fore, by calibrating the teansducer as a hydrophone and computing the trans.
mitting response S from the reciprocity relation S= M/J, where M is the free-
field voltage sensitivity and J is the reciprocity parameter (sce Section 3.15.2).
The reciprocity of the projestor should be verified by the procedure described
in Section 2.3.
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2.3 Reciprocity Methods

The reciprocity principle as applied to electroacoustics was introduced by
Schottky3 in 1926 and Ballantine4 in 1929. Mac LeanS and Cook® first used it
for calibration purposes in 1940 and 1941. The Underw: ter Sound Reference
Laboratory of Columbia University Division of War Reseurch (and later of the
Navy) developed the method for sonar calibration.”

The reciprocity principle is used in a fam ity of calibration methods. When the
term recipracity calibration is used without qualification in underwater acous-
tics, it usually pertains to the most widely used of the many reciprocity methods,
This method will be called conventional reciprocity. A more descriptive nume
that would distinguish it from other variations o' the method would be three-
transducer spherical-wave reciprociry.

All reciprocity methods depend on one electroacoustic transducer being
reciprocal; that is, the ratio of its receiving sensitivity M to its transmitting
response S must be equal to a constant J called the reciprocity parameter. This
parameter depends on the acoustic medium, the frequency, and the boundary con.
ditions, but is independent of the type or construction details of the transducer.

To be reciprocal, a transducer must be linear, passive, and reversible. Not all
linear, passive, and reversible transducers are’reciprocal,d however; an example
is a transducer that contains both piczoclectric and magnetostrictive clements.?
Although most conventional transducers (i.e.. piezovlectric, piczoceramic,
magnetostrictive, moving-coil, ete.) are reciprocal at nominal signal levels, a
reliable reciprocity calibration requires some assurance that the presumed
reciprocal transducer is indced reciprocal.  Ther is, untortunately, no known
ghsolute method for determining this, but there are methods for ascertaining
that the probability of a transducer's being recipre-cal is very high,

A method that is vasy to use in connection with a reciprocity calibration is
refer od to simply as  reciprocity check, Consider two reversible transducers T,
and T, placed in a1y arbitrary positions in the sam: medium, Drive T,
with a current £y and -neasure the openscircuit voliage output eaof Ty, Without
chan zing the positions of the transducers o the boundary conditions, reverse the
signel direction: that is, drive Ty with a cureent £, and m-asure the output ¢, of
Ty. Now, il the system comprisud of the two transducers and the water medium
and ts boundaries is reciprecal, then eafiy & ¢ /3. 1t dues not necessarily fol-
low “hat the system und its individual parts aie 1eciprocal if eqfiy = ey /s, but
this 5 a safe assumpteon in practice, i T, und Ty are dissimilar transducers,
Using dissimilar transducers avoids the possibitite that bhoth are nonwreciprocal
but /iy and ¢y ff e coincidentelly equal as would be tie case, for example. if
both: trunsducers wore identically nonline s, As we shal: see, these reciproeity
ched $ meusurements are easily combined veith the necossary measuraments in a
cons ationul reciprocity calibration, '

e o second method, 4 hydrophone i cshibruted by ¢ reciprocity technigue
and then by any of the several other independent methods described in tius
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chapter. If the results are the same, the agreement is evidence that all the as-
sumptions of both methods are valid. Among these is the assumption of a
reciprocal transducer. It should not be forgotten, however, that the agreement
is evidence-not proof! Both methods could be wrong, and the errors could
coincidentally be equal.

Among the various reciprocity methods to be discussed, the two-transducer
and self-reciprocity methods are special cases of conventional reciprocity. The
remaining variations all pertain to special boundary conditions. Among the
latter, the definitions of M, S, or both, differ from the definitions for free-field
conditions. Since S, more than M, depends on the medivm 2nd medium bound-
aries, it usually is S that is different. It can be shown that the reciprocity param-
eter J in each case is the ratio of the volume velocity emanating from the
veciprocal transducer to the resulting sound pressure used in the definition of
§,10 as for example, the pressure at a point on the axis at one meter. The param-
eter' thus is a transfer acoustical admittance of the medium and medium
boundaries.

2.3.1 Conventional reciprocity

A conventional reciprocity calibration requires three transducers of which one
serves only as a projector P, one is a reciprocal transducer T and serves asboth a
projector and a hydrophone, and one serves only as a hydrophone H. Any one
of the three transducers can be the unknown or the one being calibrated; how-
ever, the calibration formuta usually is derived for the free-field voltage sensitivity
My, of the hydrophone. ‘The measurements are made ir free-field far-field condi-
tions so that only spherical waves emanating from the projector impinge on the
hydrophone.

The arrangements and measiizements made ase shown schematically in Fig, 2.5,
Only the first three shown, o: (a), (b), and (¢) in Fig. 2.5, are necessaty forthe
calibmmn.

Nyt TP
cunmgny  PROJCYOR  wvomomwone  SUTRCD

“. ..“ﬁ-'.' @ @ Sttnamainlin .'“ .
“_',. P s @ (ST @ —— $py
: [13] ‘ 1§ e @ P 5 @ —— Sy

1) My <f>a.~_...y®.-..-——..0"

g 28, Diagram of the thuee mcasitervents (a), (b), and (¢) fof a
seciprovity caliteation: and a fourth seasuicient (d) i’orucct;uwy
cheek of the teversible Wansduces T,
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The free-field voitage sensitivity Mgy of the hydrophone is obtained from: the
first three measurements as follows, The free-field sound pressure pp produced
by P at the position of Hor T,d, centimeters from P, is ipSpdy/d, , where Sp is
the transmitting current response of P, and d,, is the reference distance in centi-
meters at which the transmitted pressure is specified in the definition of Sp
(usually 100 cm). Then,

= Mflipspdo (2.10)

epyy = Mypp -

MayipSpd
epr = Myp, = ——+2 IS'P 2, Q.11

where M. is the free-ficld voltage sensitivity of T, From Eqs. (2.10} and (2.11),

eryr o Mu

I T is a reciprocal transducer,
(2.13)
and, from Eqgs. (2.12) and (2.13),

My = i‘-’%ﬂ o C(a4)

The free-field so: ad pressire py pro-nced by T at the pagtion of H, &, centi
- meters iom T, b ipSpdofd, . whered p is the transmitting current responss of T,
Then - : s

ern = Mypy » HlgStde @19)

and from Eqs. (2.18) and (2.15),

e { ¢saitpn 4, b I 516

 The seciproc -ty parameter J i derved @ the literarwre 30T 4t §s equal to
(&o/pf) 101, where 15 tie density 67 the inedium i gia ns Por cubic centimeter
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’ and fis the frequency in hertz. The factor 107 arises from the use of a mixed
.\ system of units, since the dimension of J is volt-amperes/microbar?. The voltage
O ?."‘ . and current are measured in MKS volts and amperes. The distance, density, and
k. _ pressure are measured in cgs units, The ratio dy/do does not usually appear in

Eq. (2.16) because either the voltages are corrected to what they would be if
d, =100 cm and dy/dg =1, or (d/dy) (2do/pf) is combined. Thatis,J is defined
as 2d, /pf instead of 2dy/of. When voltage corrections are used, it must be re-
membered that the voltage is proportional to the sound pressure, not the intensity.
In a spherically divergent wave, the voltage therefore is proportional to the dis-
tance, not the distance squared. Assuming that either d; =dj or that J = 2d /pf,
Eq. (2.16) becomes

e
My = [ SPHETH j\ .17
éprir

Now, taking Has a calibrated standard, P and T'can be calibrated by secondary
calibration methods. If the projector P also is a reciprocal transducer and the
additional measurement (d) in Fig. 2.5 is made, then measurements (b) and (d)
constitute the reciprocity check described in Section 2.3. Thatis,both Pand T
are assumed reciprocal if epp/ip = eppfip. From measurements (a), (c), and (d),

%
erye,
My = (%J} . : (2.18)

The numerators of Eqs. (2.17) and (2.18) are identical and the denominators are
equal. The addition of a fourth measurement to the necessary three provides
both a reciprocity check and some redundancy that increases the reliability of
the measurements.
‘ All of the reciprocity measurements are subject to the same errors described
for free-field measurements in Sections 2.2.1 and 2.2.3. However, the square root
in Eq. (2.18) reduces the magnitude of some errors. A
It can be seen from Eq, (2.17) that the electrical standard in a reciprocity cali-
bration is an e/i ratio or an impedance. The current iy can be measured as the
voltage drop ey across a standard impedance—usuajly a resistance R. Thon,

g Eq. (2.17) becomes
: = [epuezy Ji * | (2.19)
H eéprér _)° :
Since the f . voltages appear as a dimensionless ratio, they can be measured by

an uncalibrated voltmeter. Because the voltages may vary widely in magnitude,
however, the voltmeter must be linear, or a calibrated attenuator must be used
to compare them, :
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2.3.2 Two-transducer reciprocity

If two transducers have identical sensitivity and are used as the hydrophone
and reciprocal transducer in a conventional reciprocity caiibration, eppy and
epy in Fig. 2.5 become the same and Eq. (2.17) reduces to

(2.20)

It appears, then, that only two transducers and one measurement—that is, (¢} in
Fig. 2.5--are necessary for a calibration. This is naot really true, because there is
no way of verifying that two transducers have the same sensitivity withont re-
sorting to a third transducer and two more measurements. For example, the two
transducers could be compared by subjecting cach to the same sound pressure
produced by a third transducer; however, this is eyuivalent to measurements (a)
and (b) in Fig. 2.5. Thus, the two-transducer recipr ity method is 4 special cuse
of the conventional reethod in which two of the thre: measurements perhaps have
been made at some carlier tiine and place. The two-transducer technique usually
is used as a4 quick niethod of verifying or monitoring a prior calibration; it is not a
true primary calibriation.

2.3.3 Self-reciprocity

The two-transducer reciprocity method can be ¢ true privnary method if the
sume trar sgucer 1s 1.sed as both the hydropnone and the reciprocal transducer.
This can he done b reflecting the transmitted signal back to the transducer so
thav it receives its own signal,  This self-reciprocity arran:ement is shown sche-
ieatically in Fig. 2.5, The image of the transducer can be thought of as the
scvond trinsducer. ) heoretically, the reflection must be perfect so that the trans.

_ma:tting current respanse of the image s identical to that of the real transducrr.

- In Carstensen’s ongina' selt-recipracity techaique,b2 4 connected transm (ting and
receiving electromie swwitem was used to drive the transducer with a current iy and
melsire the received opensireuit voltage ey, Pulsed signats were used, and
eqpy and ip wore naasured separately, The free-fild voltage sensitivity My is
given by Eq. (2.20), Sabiy improved this technique by measuring the rano

Cepplie woun impedancetd The transducer can be sepresentad aceording to
Thevenin's Theorem by the cireuit in Fig, 2.7, The total impedance /5 of this
cireuit, when it iy besng deiven by the cuaent iy aad before the reflected signal
ey 15 received, Is the froedietd impedanee Zp. When the transducer Is being
driven bath electrically by :p and neoustically by the received refleciad signal
ey the total impedance £y is given by

Zpw 2y ‘»f:!- o @21
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Thus, the ratio eqy/ir is obtained asthe difference AZ between two impedance
measurements S

H = 7, -7, = A2, (2.22)
ir

and the free-field voltage sensitivity becomes

My = (AZI)%.

IMAGE
P T
[ T ) 'Q-t--—-l'r
\\,J""'

fr—=PERFECT REFLECTOR

Fig. 2.6. Arrangomont for a self-reciprocity catibration.

Zy

- 42 vt @

Iy

Big. 2.7, Schomatic diogreim of & transducor heing driven both olestrically with
susront fp and acoustically with roceived opon-clrouit voltsge ez

. To make such measusements, it is necessary to drive the transducer by placing
*. it In the “unknown” arm of an impedance bridge ind to use pulsed sound. The
‘relationship smong Zpy &y and AZ is shown in Fig. 2.8, The phase of AZ or
“eqyfle s verlable and arbltrvy bevausd it depends on the distance traveled by

© the scund pulse ur twige the distance from the txansducer to the roflector, which
.also is the distance used-in /. it is possible, therefore, to arrange for AZ tobe o
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) simple change in resistance only (or reactance only), and reduce the calibration

n to a single turn of one knob on an impedance bridge. The signal from the re-

flected pulse has much the same effect on the transducer impedance as does a

) standing wave in the mediurn. The imipedance method is feasible only when AZ

v is large enough to measure as the difference Zy ~Zy. In practice, this is true in

the frequency range near rosonance where the motional impedance can be
separated from the blocked impedance.

o Fig. 2.8, Diagram of impedancos in Fig. 2.7,

.

- In the impedance version of this technique, the reflector must be g smooth

plane and the reflectortostrgnsducer distance must be very stable because the
. phase of the impedunce is sensitive to small ciianges in the geometry, In the
+ pulsed-sound version, phase is rot involved, and the geometry is not so critical,
In addition, with pulsed soundd, numerous redundant measurements can b made
oo more gusily and averuged, Paitersonld hus reported a selfureciprocity calibration
with the ocean surface as the reflector, and the transducer suspended at a 120001
depth. The ocean surface waves ware | 1t L.gh. The signal wavelengthwa: 3.3 {1
(1.78 kHz). Sixty-cight pulses or separste measuremoents were muste. Although
no direct comparison was pracde with a separate independent technique, it was
estimated that a ficld calibeation accuracy of £2.dB could be obtained with this
oeeaa self-reciprocity mothod.

" "y
£ e e
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2.3.4 Cylindrical-wave reciprocity

Cylindrical-wave reciprocity is a reciprocity calibration measurement made
under the special conditions that only cylindrical waves are propagated between
the projector and hydrophone. This condition exists between two parallel long-
line or thin-cylinder transducers as shown in Fig. 2.9. The distance separating the
two lines must be small enough so the hydrophone is in the near field of the pro-
jector where the sound energy is propagated with two-dimensional spreading.
The sound pressure on the ling hydrophone will vary from point to point, but
the pressure averaged along the line will be inversely proportional to the distance
d. The cylindrical-wave region exists for values of A/2 < d < L2/\, where L is
the length of the line. The same three-transducer arrangements and measure-
ments as used in conventional reciprocity shown in Figs. 2.5 and Eq. (2.17) are
used, but the reciprocity parameter is different. The cylindrical wave reciprocity
parameter was derived by Bobber and Sabin:13

. 2LdAA
J, e 107 (2.24)
\i
L
14
t
une” ]
TRANSOUCER Fig. 2.9. Cylindrical-wave clec-
troacoustic system,

N

-

CYLINDRICAL
WAVES
re el
Ny e

&)

The receiving sensitivity that is measured is M = ¢,./p,, Where j, now is the
sound pressure averaged along the line of the hydrophone. Since the effect of
this average pressure on a true line hydrophone—that is, a cylindrical hydrophone
of negligible diameter-is indistirguishable from the effect of a plane wave of the
same pressure, the measured receiving sonsitivity is the free-field voltage sensi-
tivity. The transmitting responss is p./i, which differs, of course, from the free-
field teansmitting current response.

Cylindrical-wave reciprocity is a specialized technique of limited practical
application. Ithas found use in the Trott near-fleld calibration method described
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in Chapter IV. It also can be combined with the self-reciprocity technique. in
which case the calibration formula becomes

My = (0ZJ)". (2.25)

2.3.5 Plane-wave reciprocity

Plane-wave reciprocity is a reciprocity calibration measurement made under
the special condition that oily plane progressive waves are propagated between
the projector and hydrophone. This condiion exists, for example, between two
large piston transducers as shown in Fig. 2.10. The distance separating the two
transducers must be small enough so that the hydrophone is in the near field of
the projector. In the near field of alarge piston radiator, the sound is propagated
in a nondivergent or collimated beam. Although the sound pressure varies from
point to point, the average sound pressure in any plane parallel to the radiating
piston face is uniform; therefore, the sound encrgy in the near field is, in effect,
propagated as plane progressive waves. This eftective plane-wave region extends
for a distance d = r3/\ from the projector, where 7 is the radius of the piston
radiator and A is the wavelength. For piston shapes other than round, r can be
taken as hall the shortest width dimension. The distance d cannot be shorter
than a few wavelengths, because pulsed sound is used 10 avoid standing waves.

”~
PROJECTOR , \ / \ HYDROPHONE

PLANE WAVES
Fig. 210, Plane waves between two «losely spaced parallel piston transducers.

Figure 2,10 coultl represent also the condition in a rigid-walled wube. The
transducers would fitl the tube cross section, und true plane waves would propa.

gate between transducers,

Again, the threes ransducer arrangement shown an Fig, 2.5 for conventional
rectprocity and Bq. 12.17) are used for planeswave reciprogity calibration, The
reciprocity purametcr is different, however; it s given by Simmons snd Urick 16
as
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24
Jp = 551077 (2.26)

where A4 is the area of the piston, beam, or tube cross section in square centi-
meters; p is the density of the medium in grams per cubic centimeter; and ¢ is the
speed of sound in centimeters per second. The measured receiving sensitivity is
M = e,./Pp, Where P, is the average plane-wave pressure. Since the average pres-
sure is indistinguishable from a uniform plane-wave pressure, the receiving sensi-
tivity M will be the same as the free-field voltage sensitivity, The transmitting
response is P p/i, which, again, is different from the free-field transmitting current
response,

Piane-wave reciprocity, like cylindrical-wave reciprocity, is a specialized
method. In its original form as developed by Simmons and Urick, it is useful
only with large ultrasonic transducers. In a modified form, it is used in a tube at
audio frequencies. Tube reciprocity is described in the next section,

Plane.wave reciprocity, like cylindrical-wave reciprocity, is used in the Trott
near-field techniques and can be combined with self reciprocity where

My = (AZJp)h. . @27)

2.3.6 Tube reciprocity

Tube reciprocity requires the use of the three transducers labeled P, T, and H
inFig. 2.11: Pis the projector, T is the reciprocal transducer, and H is the hydro-
phone. The second projector P’ is used as an active impedance to control the
reflections from the left-hand end, thereby controlling the wave conditions in the
tube. The conventional three measurements of Fig. 2.5 and Eq. (2.17) are used
to calibrate the hydrophone. The two measurements P - T and P - H are ob-
tained with the arrangement in Pig, 2.11a. Sound emanates from P and travels in
plane progressive waves past H and impinges on T. With proper control of the
magnitude and phase of the signal to P’ with respect to the signal to P, the waves
impinging on T are not reflected; all the sound energy is absotbed by T or passes

" on to be sbsorbed by P'. The measurement T =» H is made with the arrongoment

shown in Fig. 2,11b. Sound now emanates from T. Plane progressive waves
travel in both directions and are absorbed by Pand P, In this case, P and P’ act
as the characteristic impedance of the acoustic transmission line.

Beatty gives the reciprocity parameter for this method as J = 24/pe where A is
the cross section of the wube 1718 Although the parameter J is the same as that
for the plane-wave reciprocity method, there are soveral important theoretical
and practical differences between Simmons and Urick's plane-wave reciprocity
and Beatty's tube reciprocity. In the tube, the transducers ase not in the near
field of each other. The transducers may be very small, and the reciprocal
transducer T and hydrophone H must be simaller than the cross section of the
tube. Thus, when T i$ wansmitting, there is a region near the transducer where
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Fig. 2.11. Two arrangements for measurements in tube reciprocity calibration,

the sound energy diverges from the transducer before it propagates as plane pro-
grossive waves, In practive, the same is true for the projector P, Continuous-
wave rataer than pulsed sound is used in the tube. The high-frequency limit for
the tube method is set by the tube diameter. When the diameter is greater than
about one third of a wawelength, the souml pressure no longer is uniform in o
¢10ss-50¢ ion plane,

The rycelving sensitivity My of the hydiophone measured in the tbe is the
same a8 the freoiald voltage sensitivity. The recoiving sensitivity My of the
~ vevipracal transducer i the same as the free fleld voltage sensitivity, if the trans.
ducer is not rosonant. I it is resonunt, a frequency adjustment or correction
JEU - A miust be used. The term Afls the difference between the resonance
frequency in the tibe and in a free fleld. Themoasured fraquency is f', and the

adjusted trequerncy 18 f.
© The wbe reciprieity method s useful for calibratipg resonant transducers in
high-pre sure vessels. The Underwater Sound Referonce Division of the Naval
Research Laborutury (USRD-NRL) has a wube 50 ft long and 1S in, in liameter
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for hydrostatic pressures to 8500 psig and frequencies from 40 to 1500 Hz, and a
tube 8 ft long, 8 in. in diameter, for hydrostatic pressures to 10,000 psi and fre-
quencies from 10 to 4000 Hz.

2.3.7 Coupler reciprocity

The term coupler as used in acoustics refers to a smail chamber that is used
to couple or connect a projector (or loudspeaker) and a hydrophone together
acoustically. The chamber is small in comparison with a wavelength of sound in

the medium in the chamber, and the chamber boundaries have a high acoustical
o impedance. The sound pressure is then essentially the same everywhere in the
;- chamber, and the sound pressure produced by the projector is the same as that
acting on the hydrophone.

A coupler chamber is similar to the small tanks discussed in Section 2.2.3 for
comparison calibrations. It differs in one important respect, however: Whereas
the pressure in the tank in Fig. 2.3 is the same everywhere except near the sound
L source, no such exception is allowed in the coupler. The acoustic mass m in

) ’ Figs. 2.3 and 2.4 must be eliminated so that the pressure acting on the hydro-
' phone is the same as the generator pressure. This is accomplished by making the
chamber extremely small—so small that the transducers usually are inserted only
. partially into the chamber; that is, the transducer diaphragms form part of the
e chamber wall or chamber boundaries,

Figure 2.12 is a schematic diagram of a coupler containing three transducers.
As in the other reciprocity methods, P is a projector, T is a reciprocal transducer,
and H is a hydsophone. The same three conventional measurements of Fig. 2.5
and Eq. (2.17) are used. The reciprocity parameter in this cass is J = 2nfC,
where fis the frequency and C is the acoustical compliance of the medium and
medium boundaries when T is transmitting. The electrical analog of the acoustical
system is the circuit shown in Fig, 2,13, [t is assumed that the transducers,

e _ chamber cavity, chamber walls, and so forth in Fig, 2.13 are all stiffness or com
» pliance controlled—that is, all rescnances aze at frequencies above the applicable

gy ' . [mgcs

.7 , - Coupler reciprocity is feasible only for the calibration of small, hard hydro.
s phones at low frequencies where the free-field voltage sensitivity and pressure

sensitivity are the same. It is most useful for calibrating special hydrophones at
very high static pressuses, The hydrophones must be special in the sense that the
coupler and the hydrophone must be designed to be compatible with each other
in terms of size, shape, and means for bringing the electrical signals through the
chamber wall.

Since the chamber volume of a coupler and the compliance € are low, the
projector needs to provide only a small volume veloeity to produce measurable
sound pressure; therefore, small piezoelectric or piezoceramic motors can be used
at Jow frequencies. In practice, P, T, and H frequently are alike and the basxc
design is that of a small omnidirectional hydrophone,
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Fig. 2.12. Diagran of a reciprocity coupler chamber; P is the projectoz, H is the hydso-
phone, and T is the reciprocal transducer.

el

Fig. 213, Etectrical analog of the systeni In Fig. 2.12:Cp, Cuu Cpp. Crand Oy
are the acoustical compliances of the projector, walls, hydrophone, liquid, and
reciprocal transducer, ruspectively, pp and 7 pare the blocked prossures of P and

T, respectively.

Pigare 2.14 shows a voupler used at the USRD-NRL to calibrate u primacy
siandard hydrophone in the hydrostatic pressure range 0-16,000 psi and the fie-
_ queney runge 20-3000 He 19

The chamber walls and transducers in this system are very rigid. The compli-
aace €, attributed entirely 10 the chamber fluid, is computed from

7

¥ '
Co g =V, (2.28)

Ceenete B oo the volume o the fluid i cubhy centimeters, p is the fluld density in
wams pet em?, <5 the speed of sound o the fluld in emfsee, and B is the
. diabatic compressibility in frastim.al volurme change per wmicrobur, The fuid in
v coupler need not be water, Castor oll or silicone oll is used in the USRD-NRL
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Fig. 2.14. System for reciprocity coupler calibration.

system because the piezoelectric or piezoceramic projector and reciprocal trans-
ducer elemonts then can be directly exposed to the medium.

A steel chemical-reaction vessel § in. in diameter and 20 in, long designed for
15,000 psi is used in a coupler system at the Canadian Naval Rescarch Establish-
ment (CNRE).20 A chamber of this size allows some choice in the transducers

- used and calibrated, but ata sacrifice in frequency bandwidth. The high-frequency
. limit of the CNRE system is about 400 Hz. The compliance € of the CNRE
> . chamber is measured rather than computed. A procisely measured volume of

fluid AV is forced into the' chamber to raise the hydrostatic pressure by the
amount Ap. Then, C = AVjAp. The pressure change Ap ismeasured by a pres:
sure balance commercially avallable from the Americun lnstrument Company,
Stiver Spring, Md. This is a static or isothermal measurement rather than the
adiabatic or dynamic measurement that is needed. ‘This difference introduces a
small erior,

In a Russian version of tivs technigue,2} the compliance is measured by
inserting a small tube into the chamber and determining the Helmholtz resonance
for two conditions of water mass in the tube.
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The most troublesome problem in a coupler reciprocity system is the complete
removal of air bubbles. Since the acoustical impedance of the parallel combina-
tion of the medium, ¢chamber walls, the transducers is very high, a small bubble
will raise the total compliance, reduce the pressure, and increase the pressure
gradient. In terms of the electrical analog of Fig. 2.13, a bubble will short circuit
the whole system. Sometimes the bubble problem is so persistent that measure-
ments at atmospheric pressure cunnot be made. A small hydrostatic pressure,
such as 50 psi, is needed to force the air bubbles into the liquid as dissolved air.

The electrical impedances of the transducers usually are very high, which
ciuses problems with electrical cross talk—that is, the transmission of electro-
nagnetic signals between transducers, by-passing the acoustic link. The wire mesh
screens in Fig. 2.14 are used to reduce cross talk.

The high-frequency limit of practical coupler systems is set by cither the size
of the chamber or the resonance of some part of the system. The low-frequency
limit, 20 Hz in both the USRD-NRL and CNRE systems, usually is set by the
problem of driving a small high-impedance piezoelectric eiement elcctrically at
infrasonic frequencies.

The coupler reciprocity methud is simple in theory. It is a reliable and
practicable method for calibrating a hydrophone at low audio frequencies and
high hydrostatic pressures. It is not a versatile method in that not just any
hydrophone can be calibrated in « coupler system. For this reason, the method
is used oniy for 1he primury calibration of one or & few types of hydrophones.

2.3.8 Diffuse-sound i’eciprocity

Diffuse-sound reciprocity has been used primarily in air acoustics by
Diestel.22 It demonstrates the versatility of the veciprocity method, however,
aul no discussion of reciprocity calibratiors would be complete without i1,
Diffuse sound is sound with completely random divection. The diffuse sound
sengitivity of a he-drophone ie the ratio of the rms open-Citenit voltage output 10
v rms pressure of the diffuse sound field b-fore insertion of the hydrophons,
Such a sensitivity is uselul in ambient noise meusurements, for example. If i
hydvophore is omnidirectional, its diffuse-sound and prane.wave sonsitivities a-e
te same, If the hydrophone is not omalidirectional, the two sensitivitiss are
ditterent and are related by the diretivity factut Ry: that is,

May = Robly, (229)

where the subsenpts df sad freter wo diffus « field and free tield, respectively,
Thevalue vt Myp canbe computed if both Rg nd My are knnwn, The directivity
tictar iy JilTieult to mewsure wecuratily, ho cevar, except (or the simple cases
where the theee-l menstosal directivity patte v is symmetecal about one disees
ton, The sensitivity Mgy wan be measured divecth by the diffusesound
regsprocity calibration method. - : :
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Suppose we have a reverberation tank or room with good diffusion charac-
teristics—that is, with many asymmetrical reflecting boundaries so that the
steady-state sound level is the same everywhere except near the sound source.
Place the usual projector P, reciprocal transducer T, and hydrophone H in the
tank. Let the projector transmit sound into the tank at a steady rate. The
sound pressure in the tank will rise until the sound power lost into the tank walls
equals the sound power delivered into the tank by the projector, ln this steady-
state condition, the sound field at any point in the tank can be considered to be
composed of two parts: (1) the sound pressure py received directly from the
projector, and (2) the diffuse-sound pressure py, received from a large number of
image sources outside the tank. The direct-sound pressure is the free-field
pressure—that is, it is the pressure that would exist at the point ifall the reflecting
boundaries were removed and the projector-emitted power were unchanged, The
direct-sound pressure is spreading in spherical waves, and thus the amplitude is a
function of position in the tank. The diffuse-sound pressure is the phasor sum
of the pressure from many randomly spaced image sources and therefore is inde-
pendent of position.

The three transducers must be placed so the receiving transducers (T and H)
receive essentially only the diffuse-sound pressure pgy from the transmitting
transducers (P and T); that is, pge > py. The direct or free-field pressure py
can be made small by making the tank large so as to allow wide separation of the
transducers. The diffuse pressure pye can be made large by keeping the wall
absorption low or reverberation time high.

With P, T, and H properly placed, the same measurements of Fig. 2.5 and the
same formula or Eq. (2.17) are used to find Mgp. As in the other variations of
the reciprecity method, only the reciprocity parameter changes. The diffuse-
sound reciprocity parameter Jgy is given by Diestel?? as

Jap ® (%})(% )“m-?. (2:30)

where p is the density of the water, fis frequeney, ¥ {s the volume of the tank, ¢

‘is the speed of sound, and ¢ isthe Sabine reverberation time or the time in seconds

required for the diffuse-sound level to decrease 60 dB after the sound source is -
stopped. '

At some distance A from the source, the diffuse sound and the direct sound
will be the same. Diestol shows that Eq. (2.30) can be put into the form '

yow 2 ;7 - 9
Iy = S0, @31)

if the reciprocal wransducer is omnidirectional. Then, /g, is stmilar to the spherical
- wave parametor J = (2d/pf)10~7, as would be expected, since the diffuse-sound
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pressure is the same as the free-ficld or direct-sound pressure at the distance A
centimeters from the source.

The major problem in this kind of calibration is obtaining a good diftuse-
sound field. Transducer positions near walis must be avoided. A narrow band of
white noise or a warbled tone usuaily is usced to produce a more uniform diffuse-
sound field. In air acoustics, large rooms are needed. Diestel’s room was approxi-
mately 15 x 20 x 25 ft. A tank or other reverberant body of water would have
to be extremely large to be usetul for underwater diffuse-sound calibration
measuicinents.

2.3.9 Gener:l and in-situ reciprocity

It can be shown that a reciprocity calibration theoretically can be performed
under any boundary conditions of the medivm.19 It is necessary only that the
bounded medium itself obey the acoustical reciprocity theorem. That is, it must
be lincar, passive, and reversible.  As can be seen from the various reciprocity
parameters, J is dependent on the characteristics of the medium, the medium
boundaries, and some dimensions. The dimensions appear to be, and usually are,
wansducer dimensions.  This, however, is not required by theory. In the tbe
reciprocity, for example, the area 4 has no relation o the transducer dimen-
s uns; it1s the arca over which both the transmitted and received prassures of the
v ciprocy) transducer are measured. For the general case, the reciprocity purams
v of is dependent on the manner in which A and § ave defined. Visualize a trans:
caucer T of arbatrary shape in a medium with artateary noundary «onditions, as
«1own in Fig. 2,15, Let the transmitting response § be defined as the average
jressure produced over the area A, per unit input cursent. That is,

» %; 4 pda 7 :
s=4 - 232)

- bet the recem sensitivﬂy M be Jetined as the wIeHRIU ompm soliﬂge pet
« ol Prossure v mged over the atei A,.. « Thatis,

g . ?ﬁr . . . 3 wa
Mo ~. (2.33)
: T Pdﬁ
o “' e

bt can be shi-wn that for this geneal case, 19

wld,)
p(‘fl_mi ..

/= (2.34)
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Boundary
of medium

Fig. 2.15. Transducer T of arbitrary shape in a medium with an arbitrary
boundary; A is the area over which the transmitted pressure is measured, 4,, is
the area over which the received pressure is‘measured, ¢ is voltage, and { is cur-
rent, A

.
RN

N

‘where u(4,) is a volugy'e velocity emanating frem 4, and p(4,,) is the resuhing
average pressure over the area A,,. In the spherical-wave case, 4, and A4,,, are
vanishingly small spheres, or for practical purposes, points, In the cylindrical-
wave case, A, and 4,,, are lines (cylinders with infinitesimally small diameters),
In the plane-wave and tube casés, 4, and A,, are areas (actually two paratlel
plane areas separated by only an infinitedimal distance). In the general case, J
is an acoustical transfer admittance between the two areas A, and 4,,, specified
in M and S of the reciprocal transducer. Since the medium is reciprocal, the
transfer impedance must be the same in both directions. Thus, J can be dafined
also as u(4,,,)/p(A,), as was done in Section 2.3, _
Sometimes J cannot be computed because the boundary conditions are un-
known or too complicated. Then one can use Eq. (2.17) in-a backward sense,
That is, if a calibrated hydrophone is used and M is known, J can be the unknown.
Suppose, for example, it is necessary to monitor the calibration of a transducer
in a remote position on the bottom of the ocean. The.usual trio of transducers
for a reciprocity calibration are fixed to some framework and lowered 1o the
ocean bottom. The usual reciprocity measurements depicted in Fig, 2.5 arc made
through long cables. The receiving sensitivity M of the hydrophone already is
known. Therefore, Eq. (2.17) can be used to compute J. This i sitie J is valid so
long as the boundary conditions do not change. Ia g stable environment, the
boundary conditions may remain unchanged for a longer poriod of iime than
does the hydrophone calibration. Thus, reciprocity calibrations can be repeated
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at intervals of time, and the calibration depends on the in-situ J rather than on
the original hydrophone sensitivity M.

2.4 Two-Projector Null Method

The two-proje :tor null method (TPNM)23 derives its name from the use of
two projectors and a technique whereby a known electromechanical force is
bilanced against :'n unknown sound pressure to produce a null, or zero motion
ot a diaphragm. A TPNM system is shown in Fig. 2.16 and the electrical analog
of the acoustical system is shown in Fig, 2.17. The two projectors are driven
electrically by the same oscillator with a provision for controlling the relative
phase and amplitude of the two signals. The diaphragm of the null projector then
is acted upon by two forces: (1) the electromechanical force F of the null
projector. and (2) the force resulting from the acoustical pressure p, produced in
the medium by the source projector, acting on the null projector diaphragm area
A. With the phase and amplitude control, these two forces can be made equal in
magnitude and opposite in phase. The balancing-to-a-null procedure in the elec-
trizal analog reduces the velocity u to zero, thereby making p and F/4 the same.
The diaphragm motion detector then indicates a null condition. The two forces
an equal:

pA = F (2.35)

A moving-coil transducer is most suitable for the null projector. Foi such a
transducer,

F =BLi, C(236)

whae 8 is the magnetic flux density, L is the coil lengtis, and ¢ is the curront,
Tha, - ' :

” N SRR

pe= %‘. : (2.3
the exprossion BL/A is a constunt, indenendent of frequency, and stable with
tims, It can be moasured staticaliy by balancing a small measu-sble chunge in
the hydrostatic pressure Apge with 4 ditect current g, through the unll pro-

- jector, Thea,

Lo, B - y
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" Fig. 2.16, Two-projector null method calibration system.

> & AVAv‘f A"“V :
2yp I Zp
>
P S
(%) i
1 v
NULL " SOURCE
PROJEGTOR PROJESTGR

Fig. 2.17, Electrical analog of acoustical system in Fig, 2.16.

- The pressure chaage is:eary to obtain. If the water lavel over the null projector

is alteredd by ki centimeters, then Apy,, = pgh, where g is the acceleration due to -
gravity in cm/sec? andp is the density of water in g/om3.
Ifa: hydlroyhone is placed nea; the nulk projeutox diaphiagm, the hydmphone

”"(af:\ (""’)( ) e»

e Neiﬁmr the tmnsducat me\tdanqe &Np not any of the othm syaem impedances
S _'naed be kmawm :

Althoupx the msthod is most uwful at low fmmencm gnd in small chambers,

. . it can b4 used under many other baundaty conditione imludh:g free fleld, Itis-
I tmccmry ORly" that the hydrophone be near enough fo.the null projector dis-
BN p{mgru, qm u i sub}m to tho sany sound prcsmc 8. ﬂzxe dinphu;m The
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method is applicable only to nonresonant hydrophones, because the hydrophone
radiation impedance in the null projector system will ciffer from that in a free
field. This difference can be neglected at off-resonance frequencies. As a prac-
tical matter, the hydrophone also must be hard because a soft boundary will
result in pressure gradients, and the pressure at the null projector diaphragm then
may differ from that at the hydrophone position.

Various schemes can be used for the diaphragm motion detector. Usually, the
metal diaphragm is a part of some electrical system, and the niotion produces
changes in the system. For example, the diaphragm can be one plate of a capaci-
tor, or be part of a magnetic circuit. The detector does not need to be calibrated.
The null projector diaphragm will have a resonance below or at the low end of
the TPNM system frequency range and therefore will be mass controlled. The
displacement will be inversely proportional to the square of the frequency; the
velocity will be inversely proportional to frequency; the acceleration will be
constant with frequency, An acceleration detector, therefore, would be pre-
ferred to a displacement detector; however, the static measurement of BL/A4 can
be made only with a displacement-monitoring device. For this reason, the Under-
water Sound Reference Division of NRL, where thi» TPN method originated in
1955, uses a commercial displacement detector manufactured by the Bently
Scientific Company. The maximum frequency of the USRD-NRL system, 1000
Hz, is determined by the sensitivity of the displacement detector. A combina-
tion detection system, consisting of a displacement detector for static and infra-
sonic frequency measurements and a velocity or acceleration detector for audio
frequencies, could be used. Other problems with resonances and short wave-
lengths restrict the use of the method at frequencies above 1000 Hz. The method
has no low-frequency limit; USRD-NRI. uses it from 0.3 to 1000 Hz.

The main advantages of the method are freedom from any acoustical imped-
ance measurement and absence of any restriction on tank size, The main dis-
advantage pertains te practice rather than theory. If hydrostatic pressure is a
varigble in the calibration, the relatively fragile null projector diaphragm mmst
be pressure compensated; that is, the air pressure inside the transducer mmust be
equal to the hydrostatic pressure in the tank within about 22 psi. The pressure
compensation system along with normal filling, circulation, and vacuum aquip-
ment (¢ aid in climinating air bubbles) all rosuls in considerable phumbing,

1.5 Impedance Methods

The impedance method is o ciass of absolute calidration methods in which th
scoustic pressure is found from some chanicteristic of # sound seurcs (prassure,
velogity, or displacement) and the acoustic hmpedances of tie medivm und
medium boundaries. The gennral cusy is reprosanted by the electuieal anadog in
Fig. 2.18. With sufficient knowledge about the paremeters p, U, Z;, andt £,,,,
the sound pressure p in tho medium can be Jetermined, As with the similar ¢ases
of comparison calibrations in small tanks (Sestion 2.2.3) and couplor reciprocity -
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(Section 2.3.7), only the pressure sensitivity of small, hard hydrophones can be
measured, and this only at low frequencies. The volume of the medium is small;
that is, the maximum dimension must be a small fraction of a wavelength in the
medium. The hydrophone sensitivity M = e,,./p is found from a direct measure-
ment of e, and the indirect measurement of p.

Fig. 2.18. Electrical analog of
P Tm acoustical system used in imped-

° ance calibration methods.

There are two general types of impedance methods corresponding to the two
types of acoustic reactance. In the first method, the medium is complience
(1/fwC) or stiffness {s/jw) controlled. The terms compliance and stiffness both
are used in acoustics. Stiffnessisa term carried over from mechanical engineering.
Compliance is more useful in acoustics, and will be used here because it is di-
rectly related to electrical capacitance in electroacoustic analogs, whereas stiff-
ness is inversely related to capacitance. In compliancecontrolled systems, the
medium is assumed to act as a massless spring and the sound pressurs is a result
of compression and extension of this spring. In the.second method, the medium
is mass (Jwm) controlled. The medium is assumed to act as a nonelastic mass,
and the sound pressure is a result of the inortia of this mass. Both methods are
low-frequency approximations, but can be extended upward in frequency if the
system can he described by wave equations, Closed chambers are used for
compliancecontrulled systems, and open chambers for inertial systoms. The

_compliance-controlled sysiems have been zalled pistonphones ever since E. C

Wente24 first devmed this techmque in 1917

2.8.1 Pistonphone me!hods :
The pistonphons is one of the oldest absolute calibration techniques. In its

~ original form, it was used only for calibrating microphones. In soveral modified

forms, it has been used to calibrate hydrophonas. It consists of a small gas-filled
chamber and a piston sound source, a8 depicted in Fig. 2.19, The piston in the

original vorsitm%” is driven by an clecteic motor, und in later versions26,27,28
by a movingcoll transducer. lis displacoment amplitude is measured by an

optical system, The main requirements of a suitable driver are the capability of
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vibrating with large displacements and a convenient means of measuring the dis-
placement. The volume displacement X is found from the linear displacement
and the piston area. Then,

p = UZy = (WX, (2.40)

where U is the volume velocity and Z,,, is the impedance of the medium in Fig.
2.18. It is assumed that resonances in the medium and boundaries are at fre-
quencies higher than the frequency range of the system. That is, we are dealing
with a purely elastic impedance, und Z,, is a compliance 1/jwC. The impedance
Z,, actually is the compliance of the parallel combination of the medium C,,,,
the chamber wall, and the microphone. The latter two compliances usually are
much smaller than C,,,, so that Z,,, =~ 1/jwC,,. Then,

, 1 X
P = jwX v o (241)
From the gas laws, Cp, = V/ypq, where V is the volume, p, is the static pressure,
and ¥ is the ratio of specific heats for the gas. Some small corrections must be
made to C,,, depending on the heat conduction of the chamber walls. The reader
is referred to the references24-28 for further details.

PISTON
ROD
PISTON
ORIVER
CHAMBER
DISPLACEMENT
MEASUREMENT

Fig. 2,19, Pistonphone calibration,

The air pistonphone cun be used o calibrate hydrophones, but for this
purpose, the method has one major drawback. The air chamber st be small,
or, altemmatively, she upper frequency lirit must be low. The upper frequency
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limit of chambers only a few inches in the largest dimension is about 200 Hz, A
water-air pistonphone has been used to circumvent, in part, this drawback. A
water-air pistonphone is shown in Fig. 2.20. A larger chamber is used, but it is
filled mostly with water. Since the wavelength in water at a given frequency is
about 5 times that in air, a dimension in water can be five times the same dimen-
sion in air without affecting the “small in comparison with a wavelength” criterion
for the chamber. Thus, a large hydrophone can be accommodated. At the same
time, Egs. (2.40) and (2.41) are unaffected. The compliance of the water is
very much lower than the compliance of the air, so that the water compliance,
like the wall compliance, can be neglected. The sound pressure still is approxi-
mately uniform throughout the fluid mediums and is the same in the water as in
the air. The electrical analog of the water-air pistonphone is shown in Fig. 2.21.

PISTON
ORIVER

Fig. 2.20. Water-air plitonphone calibrator,

A further modification s the water pistonphone in which the air is eliminated
and a pressure source is used. The electrical analog is shown in Fig. 2,22, The

- compliance €, of the medium, consisting of the parallel combination of the wall,

‘water, and hydrophone, must be measured with soime Kind of static technigue
(sce, for example, references 20 and 21). The sound source must have a known
mechanical impedance £, and its blocked pressure py rust be measurable, A
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Fig. 2.21. Electrical analog of water-air pistonphone. Dashed lines indicate that the
impedance of the water, hydrophone, and chamber walls all are high enough to be
neglected in the parallel circuit.

moving<oil transducer sound source meets all requirements. The blocked pres-
sure is given by

py = 2, (242)

where B is the magnetic flux density, L is the coil length, i is the current, and A
is the diaphragm area. The impedance Z, consists of the diaphragm mass and
compliance of the spring suspension of the diaphragm. These are measured only
once and thereafter are assumed to be constant. Then, from Fig. 2.22,

BLi

"y BLIA

Fig. 2.22, Elsetrical analog of wator pistonphone.

The impedance 1/fwC,, always will be lugh; therefore, air bubbles, soft
gaskets, thin-walled pipes, and other low unpedances can have large effects on
w and p, and must be avoided or acoustically isolated from the medwm, If
the diaphragm docs aot move like a true piston, the ar a 4 must be determined
as an “effective” ares. A water pistonphone has the advantages of higher
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acoustic pressures, higher upper frequency limits, and larger hydrophone size
than an air pistonphone. A water pistonphone was used at the USRD-NRL for
about ten years. The chamber was 10 inches in diameter and 24 inches long.
The upper frequency limit was 200 Hz.

The value of C,,, depends on the compliance and size of the hydrophone and
hydrophone cable, and on the vagaries of the water medium. It must be
measured for every calibration. The need to repeat this measurement is the
main disadvantage of the method, and it was because of this that the USRD-
NRL water pistonpkone was superseded by the Two-Projector Null Method.

A final variation of the pistonphone method is called a pressurephone.29 In
Fig. 2.22,if 1/wC,, >> Z, Eq. (2.43) reduces to

BLi
=py = Ts (2'44)

and impedance measurements are eliminated. The value of C,,, can be made very
low by using a very small chamber. This reduces the versatility of the system,
however, and the pressurephone therefore is most useful for the absolute calibra-
tion of specially designed standard hydrophones only. Figure 2.23 is a sche-
matic diagram of the USRD pressurephone, The frequency range of the pressure-
phone is much larger than that of other pistonphones, because the chamber is so
small. The frequency range of the USRD pressurephone is 10 to 3000 Hz.

NYOROPHONE

Y MOVING-COM NN
N omiver

waTeR {554 i Lud TN

Fig. 2,23, Preswrophone calibrator,
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2.5.2 Inertial methods

The two known sys*ems for applying inertial methodsare the Sims Calibrator30
and the Schloss and Strasberg shaker.3! Both of these devices contain tubular
chambers that are short acoustic transmission lines and therefore are amenable
to wave analysis. This method therefore will be discussed in general terms, and
then the low-frequency approximations will be obtained as special cases.

Suppose we have a rigid-walled tube as shown in Fig. 2.24, The diameter is
much smaller than a wavelength of sound in water, but the length L is unre-
stricted. The column of water is set into vertical oscillation by motion at the
bottom. The bottom in the Sims Calibrator is the diaphragm of a moving<coil
transducer. The whole tube in the Schloss and Strasherg technique is vibrated by
a vibration generator or mechanical shaker. The cylindrical walls also vibrate
vertically in the latter case, but this vibration contributes nothing to the sound
pressure. Given the boundary conditions that the sound pressure at the water-air
surface is zero and at the bottom is py, , it can be shown that the sound pressure
Dgq at any depth d is given by

sin &d
Pa = PL sin &L " (2‘45)

wheze & is the wavenumber 2n/A = w/e. If the vibration velocity of the bottom
is x and Z;, is the load or specific acoustic radiation impedance on the bottom,
then

b = X2y, (2.46)

From transmission line theory, £;, 3 jpe tan kL, where p is the density of water
und e is the speed of sound in water, The speed e in a tube is the same as the
speed in a free field only if the tube walls are truly rigid. In practice, the walls
have a finite impedance and ¢ is less in the tabe than it is in a frec field. Then

P = i'i'ﬁe tan kL . (2‘47)
“and
(ixpe 1an ki Jsin kel )
A Y A R (248)
o S

Xpe sin kd - n
'pdl & w oSkl (..49)
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4oc
—‘—‘r (p=o)
d
HYDROPHONE ‘l' (p=pg) Fig. 2.24. System for inertial impedance
calibration mathods,
L
WATER ——{—e
(pap, )
DRIVER t

Equation (2.49) is rigorous for any length L, if there is no energy loss in the
tube. With the usual low-frequency approximation kd << | and kI << 1,
Eq. (2.49) 1educes to

pal = 22 < Guaz, (2.50)

Equation (2.50), a form of Newton's second law of motion, shows that the pres-
sure is a function of the inertia of the water mass above the depth d. The re-
ceiving sensitivity M of a small hydrophone placed at the depth d then is

M= oo o CoeWCOSKL o (251)

pa  xocunkd - {pd}X"

Scholssand Strasberg give a cross-section criterion: The radius » of a spherical

‘hydrophone is limited by x KL » << d. That is, the hydrophone radius must be

much larger than the driving amplitude x and much smaller than the depth, A *
small line hydrophone inserted alotig the tube axis can he calibrated, provided
that the pressure pg is linear over the length of the hydrophone and d is measured
from the midpoint. The cffects of the greater sound pressure at depths below d
and the lesser sound pressure at depths above d will produce an average pressure
oqual to the midpoint pressure.

In both versions of this technique, the hydrophone is supportad from a point
that does not vibrate, The hydrophone, therefore, also is subjected to an oseil-
lating pressure due to the periodic chango in depth. This pressure is very sinall in
comparison with the inertial pressure except at very low frequencies (loss than
10 Hz). ‘ : :
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Schloss and Strasberg measure x directly with a calibrated accelerometer. The
current driving the moving-coil transducer in the Sims calibrator technique is
measured and the force factor BL and mechanical impedance Z of the transducer
must be known, Then the blocked pressure at the diaphragm, which forms the
bottom of the tube, is given by

p=§£
b As’

where B is the flux density, L is the coil length, i is the current, and A, is the
source diaphiagm area. The system can be depicted as in the analog, Fig. 2.25a,
At frequencies above the trausducer resonance and below the tube resonance,
the approximation shown in Fig. 2.25b can be used. Here, py is the pressure
measured across only that part of the water mass load between the depth d and
the sutface (d = 0). All parameters in Fig. 2.25 arc constants except i und d.
Therefore, once the system is calibrated, p; becomes a function of i

BLd m,
A, L A
me, my

-2 3 =X

47 A

pg = i, (2.52)

where m,, and rm, are the masses of the water columa and the source transducer,
raspectively.

If the diaphragm area A, and the tube cross section area 4 are not the same,
there will be a short divergent region near the diaphragm. The hydrophone must
not be positioned in this region.

(b)

Fig. 225, Elevinea) andlogs of Sims inerthal impedanie calration system (a) for ny
tength 4, (b) for £ <K, and for frequancios above driver wanduces resotance, -
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The two versions of the inertial method differ only in practice, and the
choice between them depends on cost and convenience in a particular applica-
tion. Commercially available shakers and calibrated accelerometers are readily
available, so that the Schloss and Strasberg apparatus can be assembled easily.
The Sims calibrator is a specially designed apparatus, and the development and
calibraifon require some knowledge of transducer design; however, the Sims
calibrator, once built and calibrated, is compact, portable, and easy touse. The
Sims apparatus can be calibrated easily, if a calibrated hydrophone already is
available, Either apparatus can be used for comparison calibrations, in which
case the two methods become almost identical. The Sims calibrator has been
used in many places as a simple and rapid means for the comparison calibration
of large numbers of small hydrophones. Schloss and Strasberg report calibration
data in the 10 to 700 Hz range, and Sims in the 100 to 3000 Hz range.

2.6 Static Methods

Static methods are those in which dynamic calibrations are based on static
measurements and static impedances, The methods are limited to very low audio
and infrasonic frequencies at which a sound pressure can be treated as a rapidly

changing hydrostatic pressure,

2.6.1 Capacitor hydrophone

A capacitor hydrophone calibration system is shown in Fig, 2.26. The hydro-
phone consists of a capacitor in which one plate has a spring suspension and the
other plate is immobile, The suspended plate or diaphragm Is acted upon by both
the hydrostatic pressure and the sound pressute in the water, which action
changos the distance between the plates and thus the capacitance. The capacitor
constitutes one arm of an impedancs bridge, A carrier frequency at a constant
input voltage is supplied to the bridge. The output voltage e, will be a function
of the hydrophone capacitance Cpy as shown in Rig. 2.27, If Cjy oscillates under
the influence of the sound pressure, and if the bridge is slightly unbalanced when
the sound pressure is zero, e, will be modulated by the sound pressure signal fre-

~ queney, ond the demodulated voltage e, will be approxinmte&y proportional to

the sound pressure.

The system is calibrated by keeping e, constant, varying the static pressure,
and observing the voltage ¢,. The ratio eg/ey, can be obtained with an electrical
calibration of the demodulator. The bridge must be unbalanced to avold fre-

~quency doubling. That is, in Fig. 2.27 at the value of €y whete the bridge is

balanced or e, is zero, either an increase 0 a decreas in Cpy due to & sound wave
will increase €5, Thus, both the positive and negative halves of a pressure wave
would produce a full wave in ¢5. The operating point in the cutve in Fig, 2.27
vian- be moved away from the null or balanced bridge point by a bLridge adjust
wment—that {s, by changing the value of any of the four btidgc ungwdmw. It
usually is miost convenient to adjusx ¢,
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Fig. 2.26. Cuapacitor hydrophone culibration system.
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Fig. 227, Baldge vollage ovtput as a function of hydsophone capacitano:,

© The sensitivity of the system depends on the ratio D¢, faCy. From Fig, 2,27
it ¢an be wen that the magnitude and linearity of this sonsitivity depend on um
shape of the curve, which in wen dapends on e bridge design. A second factor
tflecting both the semvitivity and lnearity of the system i the distance d between
t1e capacitor plates. The cspacitance &y & inversely proportional to d, and the
sasitivity of the systam will depend 2l on .- tatio AC/Ad o the shape of
4@ curve in Fig, 228, The sougitivity is highest for clow s’p&cmg o small values
of d. The nonlinearity, of change in glope, abso is greatest for small values of d,
1 owever, 3o a design vampromise becomes nevassaty. A thitd factor in t sensis

ity is dhe isechanicd mupimm iof the diapiuam\. Ot the change in d per uiit

aaund pressute.
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Fig. 2.28. Hydrophone capaci;ancc as a function of plato separation.

Since the system is sensitive to static as well as dynamic pressures, the
sensitivity will be a function of water depth. To eliminate static pres-
sure sensitivity, a static pressure compensation system that will equalize
the static water pressure on the outside with the static air pressure on the
inside of the suspended plate or diaphragm becomes necessary. The com-
pensation system must include an acoustic low-pass filter so that static, but
not dynamic, pressures are compensated. Provision is made to eliminate
the compensation temporarily during the systein calibration. The static cali-
bration is vzlid only for those frequencies at which the diaphragm is stiffness
or complidnce controlled and dynamic or inertial effects can be neglected. Thus,
the high-frequency limit is about one octave below the resonance frequency of
the diaphragm,

The one main advancage of a capacitor hydrophone system is very high sensi-
tivity. Unlike more conventional hydrophones, whose sensitivity depends
mainly on a piezoelectric, magnetostrictive, or magnetic material, the capacitor
hydrophone sensitivity depends largely on the mechanical design of the dia-
phragm and the electrical design of the bridge. The softer the diaphragm suspen.
sion and the sharper the bridge null in Fig. 2.27, the more sensitive the hydro-
phone will be. ‘One of the original versions32 of this type of hydrophone had an
over-all system voltage sensitivity of =45 dB re 1 V/ubar. This is about 40 dB
higher than a typical good piezoelectric hydrophone with a cathode-follower
preamplifier, and about 20 dB better than a good noise-neasuring hydrophone
with 20 &3 of geln in the preamplifier,
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The dJisadvantages of the system are the complexity, the inherent non-
linearity, and the limited frequency range. The high-frequency limit of the
original version already mentioned was only 75 Hz.

In other versions of this technique, the bridge is replaced by an electronic cir-
cuit in which the amplitude or frequency of a carrier signal is sensitive to small
changes in a capacitance.

2.6.2 Electronic hydrophone

Several manufacturers make electronic vacuum tubes in which one of the
electrodes (usually the anode) is mechanically linked to an external pin (RCA
5734, for example).33 When the pin vibrates, the transconductance of the tube
oscillates. Such a hydrophone is shown schematically in Fig. 2.29. The output
voltage e is proportional to the displacement x of the diaphragm-pin mechanical
link. At frequencies below the first resonance in the mechanical system, the
displacement will be proportional to the sound pressure p. The over-all system
proportionality constant, or the calibration ratio e/p, can be measured statically.

p
—@
DIAPHRAGM
MECHANICAL LINK ——
MECHANICAL
PIVOT -
i |
q_
J °

Plg 2,29, Schemauc druwing of an olectronic hydrophonw,

Like the capavitor hydrophone, the electronic hydrophons ¢an be mude very
sonsitive but it hus a very limited frequency range.34 1t ulso has a high solf-noise
lovel,
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2.6.3 Variable-depth techniques

If the depth of a hydrophone is varied periodically with simple harmonic
motion, the oscillating hydrostatic pressure will be indistinguishable from a
sound pressure at very low frequencies. If x is the amplitude of vertical motion,

the oscillating pressure is given by
P = xpg. B : (2.53)

where p is the water density and g is the acceleration due to gravity. Then, if the
hydrophone cutput voltage is e, the sensitivity M is

M=o o sy

The amplitudes e, and x can have any standard form—that is, rms, peak, or peak-
to-peak—but the same form must be used for both e, and x.

The depth car be varied either by moving the hydiophone or moving the
water-air surface. Both methods have been used, In the moving hydrophone ver-
sion, the mechanical oscillator, called a dunking machine, consists of 4 variable-
speed electric motor and a “scotch yoke™ or other mechanical link for converting
rotary motion to linear simple harmonic moticn. Figure 2.3Q is a diagram of the
scotch yoke used by the Navy Underwater Sound Reference Laboratory
(NUSRL).35 The pin attached to the rotating disk slides in the groove of the
yoke, The yoke and supporting rod are constrained to move only in a vertical
direction. Then, as the disk rotates, the yoke end rod move up and down sinus
oidally, The poak amplitude x is equal to the radius of the pin position.
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“The system contains several sources of dynamic pressure other than the vait-
able head of water. These include (1) the hydrodynamic laminai flow around
the hydrophone, (2) inertial eftects of the medium, (3) inertial effects within the
hydrophone, and (4) turbulence. The hydrodynamic pressures are 2 function of
the hydrophone shape, and it is difficult to generalize on the effect. For simple
cylindrical shapes, the hydrodynamic pressures are harmonically related to the
fundamental frequency and theretore can be eliminated by filters, Inertial effects
of the medium can be eliminated or minimized by properly orienting the hydro-
phone. For example, the diaphragm or active face of the hydrophone shouid be
in a vertical plane so the water next to the diaphragm is not displaced by the
hydrophone motion. [nertial effects of the hydrophune elements also can be
minimized by orjentation. However, the optimum orientation f2r the two
inertial effects may not be the same. In an oil-filled hydrophone, the inertial ef-
fects used in the Schloss and Strasberg shaker and duscribed in Section 2.5.2
will be present and cannot be ¢liminated, Turbulence 1s the most unpredictable
of the extrancous sources of dynamic pressure. All fixtures in ihe water should
be streamlined as much as possible. If sinall tunks are used, the motion of the
hydrophone may also excite a “slosh™ reconance. This 1o sonance of the 55-gallon
drum used a1 the Navy Underwater Sound Reference Laboratory was at 1.8 Hz,
but it had no significant effect on the calibrition pressure,

These various sources ol error severely limit the useable upper frequency of a
dunking machine, There is no low-frequency limit. The NUSRL dunking ma-
chine provided accurate cclibrations in the range 0.3 10 4 Hz, Within the fre-
quency range where the extrancous sources ¢f pressuie can be neglected, the
dunking machine is a simplu, straightforward cal*brating system.

The alternate method, in which the hydrophona is tationary and the water-
air surface is moved, can tuke two forms. The whole turk, or at least the whole
water volume, can be moved, as was done in th.2 inertiv! techniquus described in
Section 2.5.2, oronly a small part of the system can be maoved as in the Goignkov
technique36 shown in Fig. 2.31. The dynamic pressuic thai is due to variable
dopth, inherent in the inertial techniques, does not bevome targe in comparison
with the dynamic inertial pressures until very tow frequencies are used. From
Eqs. 12.50) and (2.53), it can be shown that the two pressures became cqual
wher; w? =gl For a depti of 10 em, this frequeacy 1 1.6 He,

In the Golenkov technigue, only the small appes chasabe. oscillates, It s
© drver verticolly by a mechapical oscillator sisnllar 15 that desciibed for the
- dunking machine, The varable heud of water then acts on the stationary hydro.

phone in the lower chamber, The conneeting tubing must, of ¢ourse, be vor-
-phiant.  This technique elvainates turbulence, and to »one extent the ineetial
- pressuras, 1t also ullews laege oscillation amplitudes.  The two chambors and

connceting tube have resenances similay to those in u Helmholte resontor,
“however, and the useful upper frequency limit for this techaique is lower than
that tor the dunking wechine.  Golenkov seports the highfrequengy thnit gs
abou! | Hz, : ' S




62 METHODS AND THECRY

MECHANICAL
OSCILLATOR

Fig. 2.31. Golenkov calibration systom,

2.7 Impulse Method

The impulse method Is used for the rapid calibration of small piezoelectric
hydrophones in the frequency range below the first resonance, The method con-
sists of subjscting the hydrophone 20 an impulse or sudden change in static pres-
sure Ap and measuring the initial voltage eq or the elcctric charge Q produced by
the piezcelectric crystal or coramic elemont. Then the receiving sensitivity M is
found from

Q

Me %o; fp | (2.55)

waere Cis the electrical capacitance of the hydrophone,

After a pressure impulse, the charge leaks rapidly through the shunt resistance
R ucross the ceystal electrodes, and the voltage rapidly drops from its initia!
value. Therefore, the voltage oy niust be measured quickly. Alternatively, the
charge @ can be moasured as it discharges through a ballistic galvanometer, Either
“measureimient smust be made in a time short in comparison with the time constant
RC of the system, In the voltage measurement, R and € include the input of the

o
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voitmeter as well us the crystal shunt resistance and capacitance. An instrument
such as an electrometer that has an extremely high input impedance should be
used. Typical voltage-versus-time curves for cach type of measurement are shown
in Fig. 2.32. The ballistic galvanometer measures the total charge over the whole
petiod of discharge, whereas the electrometer must measure the initial voltage eq
at the beginning of the discharge. Thus, although both ey and Q must be
measured in a time £ << RE, @ is measured over a longer period than ¢ and is
less susceptible to error caused by slow measurément.

°0 -
/ELECTROMETER
L] e e o e S o R L v S TR S WS ey e - ——
-62 F’\
o BALLISTIC GALVANOMETER :
]
\ 1 1 [ 1 L

TIME 1aRC

Fig. 2.32. Voltage impulse output of a hydrophone measured with an
sloctrometer and a ballistic galvanometer,

The pressure impulse 4p must be applied rapidly. The required speed is most
casily achieved by the quick release of a stutic pressure rather than by a quick
application, Figure 2,33 shows a simple arrengement for deing this. The hydro-
phene is subjected to a static pressure from the dead weight of the mass m.
Afier the charge due to the pressure leaks off, the crystal electrodes contain no
net charge. The muss m then is snatched or quickly removed, thereby suddenly
reducing the pressure.  Thus, Ap actually is a negative change. An alternative
technique used by the Atlantic Research Corporation, manufacturers of com-
mercial hydrophones, is Rustrated by the dashed-line part of Fig, 2.33. Here,
the quick-opening value releases the pressure in about 0,01 second. The weight
snatching {s the faster of the two methods. When ey, is being measured, it is im-
portunt thay Ap reach irs maximum value before any charge has leakad off the
crystal electrodes,  Inertin) impedances such as the valve orifice that slow the
change tn pressure should be minimized,

The calibration nbtained with Eq. (2.55) is valid in the frequency range where
(1) the hydrophone s electrically equivalent to a pertect capacitor, (2) the hydro-
phane is mechanicadly equivalent to # perfect spring, and (3) the hydrophone di-

mensions are sinall m companson with a wavelength of sound in both water and

pr i ——————
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+—WEIGHT
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QUICK - OPENING VALVE

Fig. 2.33. Impulse calibration system for releasing the static pressure
either by snatching the weight m off the piston or by opening a valve,

the piezoelectric material, Requirement (1) sets the low-frequency limit at which
the assumption R >> 1/wC no longer is valid and the sensitivity rolls off as
shown in Fig. 2.34. Requirements (2) and (3) set the high-frequency limit at
which the hydrophone is near a resonance or is too large.

FREQUENCY RANGE OF
IMPULSE CALIBRATION

y N
M — _—

A ROLL=OFF DUE TO

LEAKAGE RESISTANCE

MECHARICAL
RESONANCE

) 1{log sces)
Fig. 2.34. Typical recelving sensitivity of a small plezotlsotric hydzophane,

The calibration method is quasi-static in that, in the absence of any crystal
leakage resistance, the measurement could be made under completely static con-
ditions; Eq. (2.55) is essentially a static relationship. The measurement ptoblems
arise from the need to make static measurements before the effect of the leakage
tesistance R sets in.

Since sound pressures usually are small (the order of 1000 ubar or 0.001 atm),
the dead weight in Fig. 2.33 also should be small. Otherwise, noalineatity may
affect the calibration. '
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Variations of this technique are used to measure the piezoelectric constants of
crystals and ceramics.

2.8 Radiation Pressure Techniques

A sccond-order effect called radiation pressure can be used for calibration
purposes under special conditions. Radiation pressi.re is a small static pressure
present in any acoustic wave. In a plane progressive wave of intensity /, average
energy density £, rms sound pressur: p, specd ¢, in a medium of density p, the
radiation pressure p, is given by37

2
oy = E = = EET . (2.56)

b

ol

In sound fields that are equivalent 0 the superposition of two or more plane
progressive waves, the radiation pressure is equal (o the average total encrgy
density. '

When a sound beam impinges on a boundary, the reflection or absorption at
the boundary results in sound energy density that is different on the two sides of
the boundary, Therefore, a radiation pressure differential or net force acts on
the boundary. For example, suppose a sound beam of energy density £ impinges
normally on a perfectly absurbing plane boundary. Then, p, = £ on one side,
and p, = 0 on the other side. The net force on the boundary then is £4, where
A is the boundary area. If the boundary is a perfect reflector instead of a perfect
absorter. the energy density on the front or reflecting side averaged over beth
space and time will be doubled so that the net force becomes 284, 1f the
medium itself absorbs some of the energy in a sound beam, the energy density
and radiation pressure will decrease as the distance irom the sound source is in+
creased, The resulting differential radiation pressure will produge streaming or a
flow of the medium away from the source, unless the beam is confined to a tube
where circulating flow cannot take pince.

Radiation pressure is used for sulibration purposes by measuring the statie
vadiation pressure on reflecting or absorbing buundarivs and caleulating the sound
pressure from Eq. (2.56). The difference between the sound pressure and the
radiation pressure is very lsrge. For example, in water an rms sound pressure of
150,000 ubar is needed to produce a radiation pressure of 1 ubar—a 103.5 dB

‘difference. Consequently, a very sensitive mechanicul balance or spring system

must e used to measure the forees produced by radiation pressure. Thus, the
technique s feasible only for very high intensity sound,

The radiation pressure technique is most applicable for high-frequency lugh-
intensity applications such as ate found in cavitativn studies and medical or
industeial ultrasonies. Usuaily, the plane waves ure the collimatad nearfield zone
of a piston source many wavelengths in diameter. Such near-field plane waves
are not truly plane, because the pessure in » nearilcld plane varies from pont
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to point; however, when average pressures over a plane are used, the results are
equivalent to true plane waves.

One version of a commercial instrument38 based on the radiation pressure
principle is shown schematically and simplified in Fig. 2.35. The reflecting
boundary is slanted from the incident sound to avoid standing waves or the
reaction of the reflected sound on the source. The reflector thus is equivalent
to a plane absorber, insofar as the vertical forces are concerned, and the down-
ward force F is given by

F=pA = EA, (2.57)

where A is the area, noimal to the beam, that intercepts the beam. The avemge
plane-wave rms sound pressure p then is

p = (Epe = (-?)%c. (2.58)

The force F is measured by the balance in Fig, 2.35, although the scale may be
calibrated in terms of pressure or intensity. The instrument itself is calibrated by
placing known weights on the reflector.

SOuRtE

© g 235, Radiation pressite meter,
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An instrument like that shown in Fig. 2.35 calibrates the source in the iense
that the near-field average pressure or intensity is measured, These are the
parameters of interest in cavitation and ultrasonic engineering application, and
there is no intent to extrapolate the measurements to free-field far-field condi-
tions. The instrument shown in Fig. 2.35 is used in the 50 kHz to 5 MHz fre-
quency {ange.

Another version of the radiution pressure technique is shown in Fig, 2.36,39
Hure, the receiving sensitivity of a piezoelectric plate is measured. The plate also
serves as an almost perfect reflector. Since the source is not being evaluated here,
the presence of standing waves does not affect the measurement. Insofar as the
eftect on the hydroplione is concerned, there always is sound pressure doubling,
That is, there is a stunding-wave condition in the medium next'to the plate if it
is a near-perfect reflcctor—regardless of whether there is a complete entrapment
ol the waves between the saurce and hydrophone. The standing-wave condition
actually helps to obtain high energy densities without a high-energy steady-state
output from the source. The standing waves store acoustic energy; consequently,
higher energy densities can be obtained, for a constant energy output of the
source, than in a single plane progressive wave,

The standing waves are equivalent to two plane progressive waves traveling in
opposite directions. The encrgy density average over both space and time then
is Jouble that of a single plane progressive wave. Note that although the sound
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pressure also is doubled at the reflecting surface, the intensity is not quadrupled.
A quarter-wave away from the reflector, the sound pressure always is near zero,
and the space-averaging accounts for the factor 1/2. The force on the hydro-
phone reflector thus is

F = p,A = 2FA, (2.59)

and the sound pressure in the plane progressive wave is given by
%
p = (EoYhe = (%) . (2.60)

The force is measured by observing the upward displacement d cf the reflector
caused by the radiation pressure, and computing the force from F = kd, where k
is the spring constant. The open-circuit voltage output e, of the hydrophone is
measured simultaneously with the force, so that the receiving sensitivity Af

becomes
%
M= (E:-c)(’,ﬁ) . 261)

In this case, M is the free-field voltage sensitivity, even though the hydrophone
neither is used in nor calibrated in a free field. This technique has been used in
the frequency range 300 to 5000 kHa.

Another version of a radiation pressure calibration technique involves ampli-
tude modulation of a high-frequency (about 1000 kiiz) sound beam with a low-
frequency (about | kHz) signal. The radiation pressure oscillates at the low
frequency, resulting in a pseudo sound pressure. In this way a low-frequency
pressure can be obtained in a narvow beam that normally is characteristic of only
high-frequency radiation, This is an interesting technique that is periodically sug-
gestad in the literature. Experiments at the Navy Underwater Sound Reference
Laboratory have shown that the technique has many difficulties, most of which
evolve from the large difference (100 dB or more) between the high-frequency or
carrier signals and the low-frequency modulation or radiation pressure signals.
As the carrier signal amplitude ls increased, eavitation usually occurs in the high-
intensity sound beam before a measurable low-frequency signal can be obtained.
The senshtivity of the hydrophone and the receiving electeonic circuits must be
more than 100 dB higher at the modulation frequency than at the caerior fre-
quency. Since the radiation piessure is proportional to the square of the sound
pressuse, the radiation pressure signal and the modulation signal have different
wave shapes. The diffraction effects of a true lowsfrequency sound wave are not
duplicated by the modulated radiation pressure except for the case of a piston in
an infinite baffle. These difficultios have precluded the practical use of this
techuique. ' ' :
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2.9 Measurements in Air

If the acoustical impedance of a transducer itself is high enough so that its
radiation impedance can be neglected, and if it also is small enough so that dif-
fraction effects also can be neglected, then its recciving sensitivity will be the
same in water as it is in air. For example, ordinary piezoelectric hydrophones
containing electroacoustical elements having dimensions of about an inch or less
fit these restrictions. Consequently, air acoustical methods can be used to cali-
brate these hydrophones at audio frequencies. One such method, the air piston-
phone, already has been described. The reciprocity method also is used in micro-
phone calibration.

The clectrostatic actuator method is one primary method of air acoustics that
is not adaptable directly to underwater acoustics; however, it can be used for an
air calibration of a hydrophone if the hydrophone has a flat metal diaphragm.
The electrostatic actuator is a device consisting of a metal grid or plate that is
placed close to the metal diaphragm to form a parallel plate electrical condenser.
The clectrically induced forces between the two plates provide the calibration
pressure.  Beranck28 describas this method in detail. Pyett at the British
Admiralts Uaderwater Weapons Establishment has used the electrostatic actu-
atorat frequencies as high as 60 kHz for an unusual application wherein the pres-
sure sensitivity rather than the free-field sensitivity was needed to measure water
flow noise. The calibration was made with a helium medium between the
parallel plates.

2.10 Velocity or Pressure-Gradient Sensitivity

The eleetrical output of some hydrophones is proportional to the particle
velocity or pressure gradient in the sound field. The terms *velocity™ and
“pressure gradiont™ often are used inteichangeably for svch hydrophones, al-
though sume distinctions can be drown between the two terms (see Section
5.12). The hydropliones are designed so0 a purt of the hydrophone oscillates in
the medium under the influence of tha sound pressure gradient, er with motion
similar to that of perticle velocity, The main characteristic and advantage of a
velocity o pressure-gradient hydrophene 15 the directivity pattern. The pattem
is shown in Fig, 237, It is called the “figurewight,” “ecsine,” or “dipole” pat-
tern ond i indepandent of frequency. The pressure at any angle 0 relative to
the uxial pressure s equal to cos €.

Velocity and pressuregradiont hydrophones may be, and usually are, el
brated in terms of prossure rather than velogity (prassure gradiont is never used as
areforanee), Since the relatienship between pressure and veloeity depends on the
wave and boundse conditions, however, these counditions must be Known, be
standard, or fit the celinition of the sensitivit-,

Plane progrossive waves wre speeitied m the defnition of fivedfield voltage
sonsitivity, and tie elationship between the pisssure p and velocity u in such
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E‘mo

Fig. 2.37. Dizectivity pattern of a velocity o pressusegradient
hydrophone,

waves is given by the wave or characteristic imoedance pfu = pe. Thus, the sensi-
tivity of a velocity hydrophone expressed in terms of pressure differs from the
- sensitivity expressed in terms of velogity by the constant factor pe

A vdlocity hydrophone can be calibrated by direct comparison with a standard
prossute hydtophonre only if essentially plane waves impinge oa both hydro-
-phones, Otherwise, cotrections thut account for the difference botween the
quotient p/u and the value ef pe must be applied to the measurenents.
: Waves in a free field naver are perfectly plane, and the extent to which siightly

spherical waves can be assumed to be plane is impostant when dwing with

velocity hydrophones calibrated in terms of pressure.

The ecriteria for plane waves can be obtained from the expressions for the
pressure p, the particle velocity u, and the mugnitude of the wave impedmw
/ut in 2 wave emanating from 2 point sovrce:

b e (B)evierm, o es
u = (rip!-c)[ 1=j .;%;]cﬁpi(w‘-kr). (3.63)
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where r is the distance from the source and A is a constant. From these equa-
tions and Fig. 2.38, it can be seen that for small values of »/A, the welocity is
augnented, and the plane wave relation p/u = pc is not valid. A correction {actor,
10 fog (1 + A2/(2nr)?), must be subtracted from the measurcd sensitivity when a
velocity hydrophone is calibrated with 2 standard pressure hydrophone. That is,
the augmentation t! at occurs in spherical waves must be eliminated from the re-
sults. The magnitude of the correction is shown in Fig. 2.38. It can be seen
from the figure thar the correction is less than 0.5 dB when 7/A = 0.5. There-
fore, as a rule of thumb, the sourcesto-hydrophone distance shovld be greater
than a half wavelength if the velocity augmenting facior is to be negligible.

ELMNE VELQCITY QR
PRESSURE GRADIENT

) ) ) . [¥:]

Fig. 2.28, Velecity or presuregradient augmentation ina spherical wave,

The press;:w gtaxsiem i% ﬁel%le\l \0 me pmicie sde..ity bv ap/ar a,fumn i‘ur B

npplms also t@ the prossuse gradkm, .
When the sonsitivity sefesed’ to actual mt:%:!n w:!ocﬂy % required,

“the simplest wechague & to . alibraty the vadoeity or prossuregradient hy-

drophone n ters of a mcasuced fiveficls sound pressure p, and then
compute the particie velocity from the pressure w;m Eqgs. (2.62), (2.63),
and (2.064),

If fweediold conditions ate not wvuhible, 3 vindingwave tube tike tha
shown in Fig. 259 can be wiad,  Sue a waterair boundaty iv o near
zcm ifipedaiice  boundaty, swentalls complete teflection will take place.

A sanding-wave 'systes thea van be esn.bhﬂmd and Ui following telations
huld:
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p <« sin kd, (2.65)
u « cos kd (2.66)
|pfiey = pe tan kd. (2.67)
40
PRESSURE ] /
AMPLITUDE /
VELOGITY —1 d A
AMPLITUDE 2

SOURCE

Fig. 2,39, Pressure and velocity distribution in a standing-
wave tube,

If the pressure is measured at a point a distance d from the water-air surface,
Egs. (2.65) and (2.66) can be used to compute the pressure and velocity at any
other point. It must be assumed here that the hydrophones have a negligible
effect on the standing-wave pattern, Also, the wavelength or the speed of sound
which is used in the wave number 27/A = w/c in the tube probably will differ
from that in a free field; therefore, the haif-wavelength or pressure-node-to-node
distance should be measured.

Another version of the standing-wave tube, developed by Bauer,40 is shown
in Fig. 2.40a. Here, the whole rigid tube section is vibrated en masse, The fluid
medium inside then moves as a short section of a standing-wave system with the
velocity and pressure amplitude distribution shown in Fig. 2.40b. If u,, the
velocity of both ends of the tube (and of every other point on the tube), is
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measured with an accelerometer, buth the velocity uy and the pressure pg4 at any
point d can be computed from '

cos kd

Ua = U S HRL (2.68)
_ sin kd :
Pd = JuePC o (2.69)

where L is the tube length, d is the distance of any point from the midpoint of
L, and pc is the characteristic imped:nce of the medium. The velocity ug at the
midpoint of the tube can be found by letting = 0 in Eq. (2.68):

Ug

The velocity ug also can be determined by pressure measurements and other
combinations of Eqs, (2.68) and (2.69). Thus, if a velocity hydrophone is placed
at the midpoint of the tube and its voltage output e, is measured, the free-field
voltage sensitivity M is given by

' e
M= L 2.71
pcuq ( )
The Bauer vibrator is adaptable to measurements in a closed pressure vessel
a1d also permits the velocity to be determined in any arbitrary direction. The
0)en tube of Fig. 2.39 is limited, of course, to velocity in the vertical direction.

2 11 Directivity Patterns

The measurement of the directivity characteristics of & tiansducer involves
Intle calibration theory in comparison with that required for measuring response
o sensitivity. The directivity pattern, factor, and index all are relative and di-
n ensionless parameters. They also are free-field, far-field parameters, and for
pitterns, there is no feasible alternative to free-field measurements, There is an
alternative to the far-field requirement, however: conventional patterns can be
n casured under the free-field, near-field conditions described in Chapter IV,
Measurenient problems consist largely of obtainiig free-field conditions and
a'ranging the mechanics for rotating transducers in various planes.

Some of the theory underlving th: definition and meaning of the directivity
¢ aracteristics and mathematical solutions for some common special cases are
p esented here, One technique for measuriny the directivity factor under condi-
tins other than free field also is discussed.

The directivity pattern of a transducer shows how the sensitivity of the trans-
duger varics as a function of direction. It usually is normalized; that is, it is a plot
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of the sensitivity in any direction relative to the sensitivity in a given reference
direction -usually an axial direction. Thus, the pattern level on the axis of a
typical transducer will be I, or 0 dB, and the levels in other directions will be
some fraction Tess than | or some number of dB below zero or “dB down.” In
some unusual cases, the axis is not the direction of maximum sensitivity. Then,
the normalized pattern level in the direction of maximum sensitivity will be
greater than 1 or some number of dB above zero. Occasionally, a series of pat-
terns will be measured on one transducer at the same frequency—usually after
some electrical or mechanical adjustiment. In such cases, only the first or “con-
trol” patiern may be nonmalized, Succeeding patterns then may be measured
without «djusting the measuring system to allow direct comparison with the
first pattern,

If a trunsducer is reciprocal, its transmitting and receiving patterns are the
same even though they have different physical meanings. The transmitting pat-
tern is essentially a diagram of how much sound emanates from a transducer
simultaneously in different directions. The receiving pattein is a measure of the
average pressure acting on a transducer diaphragm as a function of the direction
of an impinging plane wave. The transmitting pattern is used almost exclusively
for analytical purposes, perhaps because it’s easier to visualize. However, the
suinmations or integrals that must be solved to obtain a mathematical cxpression
for the paltern are the same for either case.

The co nplete directivity pattern is a three-dimensional model. In practice,
however, two-dimensional polar diagrams usually are used to represent the pat-
tern in some plane that includes the acoustic axis. The complete pattern is
deduced o! visualized from a collection of many two-dimensional patterus, Often,
the complete pattern has an axis of symmetry so that one two-dimensional
pattern in 1 plane of such an axis gives a picture of the complete patten.

The transmitting pattern is a representation of far-field or Fraunhofur diffrac.
tion phenumena. That is, the radiated sound pressure is observed or miwasured at
an “effectively infinite” distance from the transducer. The distance is “‘effectively
infinite™ il the sipnal attenuation due to spherical spreading of the wave is essen-
tisliy the same fur signals emanating from all points of the transducer, or the
sound rays from all points on the transducer to the observation point can be
assumed to be parallel, Thus, fora uniform radiator, the wave interference that
gives rise to directivity pattems, or Iraunhofer diffraction, is due entirely 10
phase dift :rences among contributions from different parts of the transducer,
In the neur field, the Fresnel diffraction, or interference, is due to both phase
and amplitude difterences,

Practicul criteig for “effectively wmfinite™ mewwrement distances are pre-
sented in Section 3.4, In gencral, however, the distance should be large in com-
parsson with the iargest dimension ol the transdu er in the plane of 1otation.

n addition to sufficient fu-tield conditions, g od free-field conditions alvo
must prevail. Patiern measurements usually require better free-ficld conditions
tha1 response acasurements do, because langer measurement distances we
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required and because the “difference’™ between a high signal level (on the axis) and
low signal levels (on the minor lobes) is being measured. To illustrate, a reflec-
tion, noise, or other unwanted interference may be 26 dB below the signal level
for response in the axial direction and therefore introduce only a small error of
£0.5 dB in the axial response. This same unwanted signal would produce a large
error (+3.5 to —6 dB) on the height of a minor lobe 20 dB below the major lobe.

2.11.1 Uniform radiators

The mathematical expressions for p(8), the normalized directivity pattern, of
some common uniform radiators are given below,
a. Plane, uniform, baffled circular piston:

2, (;—x)sine

(1;\—5) sind

b. Plane, uniform, baffled rectangular piston, in a plane parallel to an edge; or
a uniform continuous line:

p(@) = (2.72)

. ffmxy .
sin R—)smo
o6) = ] (2.73)
X\ . ..
(T)smo

¢. A plane, baffled, uniform square, in the plane of the diagonal (or a straight
“tapered” or “shaded” line, where the source strength is maximumn at the center
and decreases linearly to zero at each end):

(2.74)
d. N, uniform, equally spaced points in a straight line: .
sin (lgg)sin 0
p9) = (2.75)

N sin{(l)"ﬁ)sm o}'

In these expressions, J, is the first-order Bessel function; x is tho circular piston
diameter (Case a), length of line or edge of rectangle (Case b), or diagonal length
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(Casc c);d is the separation distance of points in a linc; and 6 is the angle between
the axis or normal direction and the direction of observation—that is, the vari-
able in all the expressions.

Graphs of these expressions are shown in Fig. 2.41 for Cases (a), (b), and (c).
By using the normalizing parameter (x/A) sin @ for the abscissz, the patterns in
the figures are made applicable to any transducer size and any frequency.
Mathematical expressions and graphs for radiators of other configurations are
given in the literature 41-46

\ - EQ.{2.74) (DIAGONAL OF SQUARE PISTON)
EQ.{272) (CIRCULAR PISTON)
£Q.2.73) (UNIFORM LINE)

Fig. 2.41, The directivity pattern 20 log p(0) of continuous sources.

The line of ¥ points is not included in Fig. 2.41 because it differs basically
from a continuous source. The most striking characteristic of the pattern of a
line of point sources is the high side lobes. 1 the point spacing is one wavelength
or greater, tho (V= 1), 2(N = 1), 3(V - 1). ote., minor lobes will be of the same
height as the major lobe, The height of the other minor lobes will depend on N,
It the number of points per unit length increases, the spacing d decreases and the
approxinterion sin {{m!/)\) sin 0} ~(nd/\) sin 6 can be made in the denominator
ol tig. (2.75). Then, Eqs. (2.75) and (2.73) become the same, with Nd becoming
equivalent to x, and the linc of points approximates a continuous line. Figure
2.42 shows the patterns for a 6-point line.

Some radiators combine the characteristics of both continuous and discrete
sources.  For example, a large planar arruy often consists of many individual
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Fig. 2.42. The directivity pattern 20 log p(6) of a line of six point sources,

elements, each of which constitutes a small radiator that has a directivity pattern
that is not omnidirectional. That is, the elements are not point sources, Spaces
exist between the elements so that even when the elements vibrate with uniform
phase and amplitude, the array does not radiate as a continuous uniform piston.
A similar situation exists with a segmented line radiator. In such cases, an under-
standing of Bridge's Product Theorem is helpful. Thistheorem states that for the
case of a number of radiators of the same frequency and of identical pat-
tem and onrientation in space, but possibly of different amplitude and
phases of motion, when the reaction of one radiator on the other is neglected,
the pattern produced by the aggregate of the radiators is the pattem pro-
duced by an aggregate of point sources having the same distribution in space,
amplitude, and phase as the actual radiators, multipled by the patter.: of a
single radiator. .

This means, for example, that if the pattern level is expected to be 0.5, or
-6 dB, in a particular direction & when the elements of an array are assumed to be
points, and the pattern of an individual element is expected to be 0.9, or ~1 dB,
at the same angle @, then the array or aggregate pattern level at 6 should be
0.45, or =7 dB.

The qualification in the theorem as to the reaction of one radiator on the
other becomes important when the element spacing is small (generally
a small fraction of a wavelength) and the transducer mechanical impedance is
low.
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2.11.2 Nonuniform radiators

If the displacement or velocity of every point of the diaphragm, or radiating
area of a transducer, does not vibrate with the same amplitude and phase when
the transducer is used as a projector, the transducer is referred to as a nonuniform
radiator. Some transducer diaphragms, for example, bend rather than move as a
rigid piston. Bending and other types of nonuniform vibration usually are used
to obtain resonance at low frequencies. In such cases, the transducers are essen-
tially omnidirectional, and the nonuniformity has negligible effect on the direc-
tivity pattern.

Another more important type of nonuniformity is exemplified by the shaded
transducer. Here, nonuniformity is introduced in an otherwise uniform radiator
to change the directivity pattern. The usual purposc is to reduce the level of the
minor lobes. Typically, the transducer will censist of a plane array of elements
that are mechanically identical so that, for example. all elements resonate at the
same frequency. The outside or peripheral elements. however, will be driven at a
lower electrical signal level than are the inside elements. Variations in phasing
and spacing, as well as amplitude, also have been used for controlling the
pattern.

Equation (2.74) applies to a shaded line (also culled a tapered line)—that is,
a line in which the vibration amplitude is a maximum at the center and decreases
linearly to zero at each end. If we compare the graphs of Eqs. (2.73) and (2.74)
in Fig. 2,41, we sce that this shading substantially reduces the minor lobe lovel,
but also broadens the major lobe, Unfortunately, these two effects are
insoparable.

Pattern control is an extensive subject covered elsewhere in the literature 41-45
It is used extensively in sonar transducers. Insofar as measurements are con.
cerned, it is helpful to know whether a transducer is a uniform or nonuniform
radintor. Such knowledge not only aids in detecting mistakes or malfunctioning
equipment, but also affects measurement conditions, such as the minimum ac-
ceptable distance betwe . a projector and hydrophone.

2.11,3 Beam widths and minor lobe level

Patterns usuall © are characterized by the beam width and by the relative
level of the highest (usually the first) minor lobe. The beam width is the angle
included between the directions, on each side of the main lobe or beam, in which
the level of the sound pressure is at some fixed level relative to the axial sound
prossure. There is no standard fixed level; =3 dB, -6 dB, and =10 dB, all, com-
monly are used. The level must be specified, therefore, and the beam width is
described as, for example, the “6-dB-down beam width,” Note that the beam
width is the total angle between two directions—01¢ on cach side of the axis,
Where a pattern is symmetrical about the axis, the half-beam width sometimes
is used. The half-beam width is the angle included boetween the axis and the
direction of the spcifiod prossure level. Beam width is a function of both the
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radiator configuration (circular piston, line, line-of-points, etc.) and the ratio
x/\ of size to wavelength.

The 6-dB-down beam widths A8 for the three patterns in Fig. 2.43 are
given by:

Circular piston: A8 = 2 arcsin (Q—Zf)—’\) (2.76)
Uniform line: Ad = 2arcsin(o’im‘) 2717
Diagonal of square: A§ = 2 arcsin(%gl). (2.78)

Equation (2.75) is approximately the same as Eq. (2.73), when sin 6 is small
as well as when d is small. Thus, near the axis, the pattern of a line of points is
essentially the same as the patiern of a line for which x = Nd. Equation (2.77)
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can be used for a line of points whenever the line of points approximates a con-
tinuous line (d << A), or when the region of interest is near the axis (sin 0 << 1),

The level of the minor lobes of continuous sources is a function of the con-
figuration, but 1s independent of the size/wavelength ratio. The level of the
minor lobes shown in Fig. 2.41 applies to all sources with the stated configurs-
tions. The minor lobe levelin Fig. 2.42 applies only to a 6-point snurce. Krausé!
gives similar patterns for cases of N equal to 1 through 24.

2 12 Directivity Factor and Index

The directivity factor or index is a measure of the sharpness of the sound beam
o major lobe of the directivity pattern. It is the ratio of [y, the intensity (or
poz, the rms pressure squared), in a reference direction—usually the axis—to the
intensity T(or 72, the rms pressure squared) averaged over all directions. In its
numeric form, this ratio is the directivity factor Ry, and in the decibel form, it is
the directivity index D;. Thus,

2
1 Po
= o &
Ry = 3 = 31, 2.79)
I Pe
D = lOlog(—-Iﬂ) = lOlog(-i-,)%). (2.80)

Note that B2 is the average of the pressure squared, not the square of the average
pressure.

If po s measured at distance #, then 52 is the pressure rquared integrated over
& spherical surfave S of radius », divided by the area S, Then,

2 2 24yl
" Py Podnr ‘
By = G =T T (280)
nr

} is the measurements and computations wwvolving the integrul f,p3dS that
constitute the major task in finding Ry or D,

2.12.1 Theory

The theoretical D; of some idealized radiator configurations huve been deter-
mined by Stenzel4d and Molloy. 47 The D; of a circular piston in an infinite
nigid baflle is given by

D; = 101og e\ (2.82)
S O Y¢L7))
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where 7 is the radius and % is the wave number. For large values of kr, the Besse!
function J;(2kr) becomes negligible and D; ~ 10 log (kr)2. Since (kr)? =
4n(ar?)/A2, the D; of large pistons can be approximated by

D, = mmg(-‘i’l%‘—"‘l)-). (2.83)

Figure 2.4, a plot of Egs. (2.82) and (2.83), shows that Eq. (2.83) is a good
approximation for 2r/A > 1/2.

0
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Fig. 2.44. Directivity indox of a baffled circular piston,
For 4 uniform line,

2 asinkl, . dcoskl

o,-101og[u(n—--m+m---~)]. (2.84)
el -~

where L is the length of the line. For a long line, L > \, and Lq (2.84)
approachos

D, = nolog(%f:). (2.85)

A rectangular piston in an infinite rigid baffle is a much more complicated
case than a circular piston, but from the work of Stonzeld4 and Molioy 47 it can
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be shown that Eq. (2.83) applies also to a large rectangular piston with about the
same degree of approximation as for a circular piston. As a rule of thumb, Eq.
(2.83) applies to both circular and rectangular pistons. if the minimum dimen-
sion is greater than a half wavelength and, for the case of the rectangle, if the
length/width ratio is greater than 2. At the low limit of this approximation,
where the minimum dimension is a half to one waveleagth, the approximation
error is about 0.5 dB. Inmost practical cases, however, where 0; is an important
factor, the transducers are large or have narrow beams. Then, Eq. (2.83) becomes
a very good approXimation with negligible crror. Moreover, since Eq. (2.83)
applies to both circular and rectangular pistons, one would assume that it applies
to other shapes that approximate either a circle or a rectangle.

It can be shown2.:48 that the directivity factor for plane pistons in infinite
rigid baffles is inversely proportional to the radiation resistance. The acoustical
radiation resistance of pistons of any shape approaches pc/d as the sie/
wavelength ratio becomes large. It follows, then, that Eq. (2.83) applies to L 1ge
pistons of any shape if the minimum dimension is greater than a half waveleny th.

Inall the foregoing, it has been assumed that the pistons are in an infinite r gid
baffle because such a houndary condition makes the mathematics manageable. In
practice, such baffles use not used, of course. In planar transducers whose smaliest
dimension is greater than a half wavelength, the type of baffle has a negligible
offect on the directivity paitern, and theory and practice are in good agreement.

Analyses of the 0, of hom transducers, pistons in a spherical baffle, rings,
lines of points, shaded lines. and stretched membrancs (or bending modes) ave
available in references 44 and 47,

2.12,2 Measusenent

Thiee diffesent vpproaches are used to determing the Ry or D; of a spec fic
trafisducor,

Cuse 1. Some transduwors are good approximativas, insofar as the di
uvity pattern is cowcerned, of perfect umiform, eircular, square, 6r rectangula
pistons, or of perfect uniform lines. When this is tue, the Ry or D; is well known
from oxpressions such as Bqs. (2.82) through (2.85), und various slide rules. 99
graphs, and similar wids are available for obtaining the H; easily. Pigures 2.1$
and 2.46 are two such graphs. S0 Whether the pattern is a good approximats m
to one of the id2al cases must be ascertained by patters measuvements and ¢o ne
patison with Pigs, 2.41, 242, and 2.93. About 90% of the energy radiated »y
ideal pistons and lines is in the main lobe, and about 95% is in the main lobe a:1d
first minor lobe, Thus, 2 transducer ¢an be assumed to be radiating a5 i3 idval
- mathematical model if the ineasured and theoretical patterns ave the sane, within
fiteasirement acenracy, on the major lobe and first minor lobe.  This rule -of
thumb i3 valid if wone of thie minor lobes are unusually high. A steong mbnag
lobe at 180° o to the reat w piston transducets is a particularly conunon type
of undesirable and unintentional radiation,
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Case 2. Some teansducers, like circular pistons, cyliudm, or lines, may
tadiate with a nonideal patteen, but still have an axis of circular symmotey. That
i, Uie pattern is the sume in all plancs tirough the axis of symmetry. This fact




METHODS AND THEQORY 85

should be verified by actual measurement of several patterns. The integration

over a complete spherical surface is obtained by taking the elemental area dS as
shown in Fig. 2.47 and integrating

n
J;dS = '{; 2ar? sin 8 d0, (2.86)

where 0 is the angle between the reference direction or axis and the direction of

measurement. If we let p(0) be the pressure as a function of 8, we obtain Ry
from Eqs. (2.81) and (2.86): -

Ry = 2 (287)

f (%(?)2 sin 8 do

45 {2 ¢ unlilrdd)

Fig. 347, Ewental atca wpneat dS used (o iategrate over a spherical sarface.

i, 2k we have assumed, the transduces paticsa is avnideal, the Tunctivn ${0)
16 unkdown, and Uie integral soust be evaluated graphically or nunterically,
Severdl kinds of aids are used for graphical integration. For example, either of
e two chasts v Figs, 2.48 ur 2.49 ¢in be used. St The oidinate scale is
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[p(8)/p4)?, with the scale marked for easy transposition from the usual decibel
scale on pattern plots. The abscissa scale is the angle § with the spacing adjusted
so that the area represented by the product [p(6)/po]28is proeportional to the
area of the spherical surface from 0 to 8, or proportional to f; sin 0 d6. After
the pattern is transposed to Fig. 2.48 or 2.49, the area under the curve is
measured with a planimeter. If there is radiation in the rear hemisphere, the pat-
tern there must be plotted separately. Then the Ry is given by

2(area of front + rear charts)
(area under front + rear curves) *

Ry = (2.88)

Even if there is no radiation toward the rear and the denominator of Eq. (2.88)
constitutes the area under only one curve, the numerator still must be the area
of the two charts. For narrow-beam patterns, Fig. 2.49 is more accurate than
Fig. 2.48; however, the numerator of Eq. (2.88) still must include the whole area
corresponding to 0 < 6 < 180°. Consequently, the area found from the whole
chart in Fig. 2.49 should be taken as 7.46 timesiits size as shown, or the numerator
of Eq. (2.88) should contain 7.46 as an additional coefficient.
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Another graphical aid, shown in Fig, 2.50,50 is used to obtain the integral
of Eq. (2.87) by a summation approximation. That is, the summation

> (B0 600

i\ Po

is substituted for the integral. Fig. .50 is used in the form of a transparent
overlay on the measured polar pattemn  The peak axial responsz (or 20 log pg)
is made to coincide with the polar angle zero and the radial level at the top of
the paper as illustrated by the dashed-ine pattern. Then to find [P(0:)/po)? sin 0,
for any angle 0;, one procceds along the radial line corresponding to 0; until the
intersection with the directivity pattern line is reached. The point of interse:tion
then is read on the bow-shaped coordh ates. For example,at 0,=20% or 7 = 4 in
Fig. 2.50, the point of intersection is at 0.009 in the bow-shaped coordinates.
Thus, [H{20%)/po]® sin 20° = 0.009. This reading §s made at regular ansular
intervals—-say every 5° from 0 to 180° Then 37 measurements are made. The
regulir angular interval A0 must be expressed i radians, 5o AQ = n/36. W 4, is
the value of (p(0)ipo] 2 sin 0;. or the 1 umber read from the bow-shaped covrdie
nates on Fig, 2,50, kq. (2.87) is approx.mated by :
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Ry =——=— (2.89)

or, in the example just given,

Ry = —3¢—-. (2.90)
LS4

=0

The pattern should be measured so that the pattern level at zero degrees or in the
reference direction is either at the top of the chart, or at the discrete levels 10,
20, 30, etc., dB below the top. The radial scale is 10 dB per major division
(usually 10 dB per inch). When the pattern level at zero degrees is at —10 dB, all
the bow-shaped coordinate scale numbers must be multiplied by 0.1. When the
pattern level at zero degrees is at —20 dB, the scale numbers must be multiplied
by 0.01, and so forth. Note that at 8 = 0, 4, always is zero, because
sin 0° =0,

The angle 6 = 0 corresponds to the axis of symmetry, whether it is in the di-
rection of maximum response, the acoustic axis, or in general the reference direc-
tion. If the axis of symmetry is not the reference direction, the D; is computed
with @ =0 taken as the axis of symmetry,and then a correction is added. The cor-
rection in decibels is the pattern level in the direction of the axis of symmetry
subtracted from the level in the reference directions. The pattern of a uniform
line or thin cylinder is the most common example of this. The pattern has a
toroid or “doughnut” shape. The axis of symmetry coincides with the line or
cylinder axis, but the reference direction usually is normal to the line. Thus, the
intensity in the direction of the line or axis of symmetry is very low-less than the
average intensity, This rosults in a {ractional Ry or negative D;. When the large
difference between the high response normal to the line and low response
parallel to the line is added to the D;, the D, becomes positive.

Electronic analog systems have beon built by the Navy Blectronics Laboratory
and by Scientific-Atlanta, Ing., to perform the integration J {p(o)lpo} 2sin0do,
The Underwater Sound Reforence Division of the Naval Research Laboratory has
used a small digital computer to perform the integration numarically.

Case 3, When a radiation pattern does not conform elosely 12 an ideal one,
as in Case 1, nor have an axis of circular symmetry, as in Case 2, the integration
task becomes formidable. If a transducer does not have circular symmetry, but
is symmotrical in the sense that the right and left halves, or top and bottom
hatves, are mirror images of euach other, an averaging process can be used. Then,
the patterns in saveral planes through the axis of symmetry are meusured and
each treated as in Case 2. The average Ry then is computed. (Do not average
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sound sensitivity of a hydrophone is the ratio of the time-averaged voltage out-
put to the diffuse sound pressure. The diffuse sound sensitivity thus is the
free-field voltage sensitivity of the hydrophone averaged over all directions. [t
follows then that the ratio of the free-field voltage sensitivity to the diftuse
sound sensitivity is the Ry, or the difference is the D;, when the sensitivity is
given as 20 log M. This technique, theoretically, is very simple; however, there
is little mention of it in the literature and it has been used to only a limited
extent.52 The expense of building a large enough reverberation tank in which a
satisfactory diffuse sound field can be established is a major drawback.

2.13 Impedance

The impedance of an electroacoustic transducer usually is understood to mean
the electrical impedance measured at its electrical terminals. When some other
meaning is intended, the term is qualified. For example, one would say that a

“soft transducer has a “low acoustical impedance.” Along with sensitivity or

response and patterns, the electrical impedance is a common and standard param-
eter in the calibration and evaluation of electroacoustic transducers. The
impedance serves three purposes: (1) It provides information for impedance
matching between the transducer and the electronic transmitting or receiving
equipment. (2) It is used in the computation of transducer efficiency and driving
voltage from current responses (or vice versa). (3) It is an analytical tool for
studying the performance of a transducer.

Impedances usually are measured with wide-frequency-range impedance
bridges, and, theoretically, the measurement doos not differ from the measure-
ment of the impedance of a resistor, condenser, or coil. In practice, however,
thero are several important considerations that must be recognized. The trans-
ducer must have its proper acoustic load—usually a free field. An underwater
transducer must be inumersed in water, and the effect of reflections from
boundaries must be negligible. A simple test for boundary interference is to
wneasure the impedance in several locations or orientations, Electrical ground
conditions usually are important and often bothersome. The impedance may
depend on which of the two terminals is grounded, or on whether any terminal
is grounded. When one terminal is grounded, the measurement is refesred (o as
unbalanced. 1f both terminals are ungrounded and have the same potential with
respect to ground, the measurement is referred 10 as balanced. The cable shield
in unbalanced measurements may be connected 1o ground or be “floating”-that

s, not connected to anything, Grounding conditions in fresh water differ from

those in salt water. If a cable is long-say 100 feet or more=the manser in which
it is coiled or strung out, or whether or ot it is in the water, may affect the im-
pedance. These eilects are caused by steay inductance and capacitance, and ate

“most pronounced at ultrasonic frequencies. AN these effects oceur in sensitivity

measurements as well as in impedance messuements. The general rule & that
all grounding and connection conditions should be, to the greatest possible extent,
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the same in the measurement of impedance and sensitivity a: in the actual
use of the transducer.

Conversion of series impedance to parallel impedance or admittance, or vice
versa, is given by the following formulas:

1
R G
RS = !SE;;‘*I ={’B 2+ 1, (2.91)
<XP "\_(;)
=
X B
X = 2 = , 292)
) (éE : +1 (g : + 1
p B
.1 _ R+ X2 3
Ry= & ol (293)
.o 1 R+ X}
X -3 ek (294)

where R is resistance, X is reuctance, (7 is conductance, 8 is susceptance, and the
subscripts s and p indicate svries or parallel. The theee ways of describing the
impedance are as follows:

y - I ]
=Ryt X, = m b B (295) .
(Rvj (’XP)

A tundamental understanding of the nature of the impedance of an electior
acoustic transducer is needed s connection with its application as an analytical
tool. Although it is measured electrically, the impedance is a function of the
mechanical and acoustical (or radiation) charaeteristics of the transducer. The
mechanical mass, stifiness or complionce, and resistance, all appear as electrical
impedances through the electromechantcal coupling characteristic of the
transditcer=that s, thiough the pleavelectric effect, magnetomrictive effect, the
emf mnduced v 9 wine cutting a inagnede lun, and 2o forth. The characterisues
of the medium also appear s3 electneal impedances because of the medium's
effect on the vibrating parts,  Conwguently, the unpedance of o transducer can
be dwided int several parts. The purely electrical part is the part that would
bre sneusured i1 the tansducer could be provented Trom vibratings it is called the
blocked impedance £,

The difference be-ween the impedainve when the teansducer 1 vibrating and
the blocked impedan- ¢ 15 called motional inpedatice £ because it is due 10 the
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vibratory motion. The motional impedance is an electrical impedance measured
in electrical ohms, even though 1t arises from mechanical motion. The motional
impedance Zy, has two parts: (1) the part corresponding to the mechanical im-
pedance Z,, of the vibrating part of the transducer, and (2) the part corre-
sponding to the radiation or acoustical impedance Z, of the medium reacting on
the diaphragm.

Blocked and motional admittances also can be defined in the same manner
as the two kinds of impedances are defined.

The relationship between the motional impedance or admittance and Z,,, and
Z, is complex and depends on the type of electromechanical coupling used. That
is, it depends on whether the transducer has electrical coupling (piezoelectric,
condenser) or magnetic coupling (magnetostrictive, moving-coil, etc.). Just as
the measured electrical impedance can be a function of the mechanical motion,
the mechanical impedances can be a function of the clectrical current. The
mechanical impedance of a transducer is the quotient force/velocity at some
designated point (or mechanical terminals). This mechanical impedance is not
the same when the clectrical terminals are open-circuited as it is when they are
short-civcuited. Consequently, one speaks of open-circuit mechanical impedance
Zoem and shortcireuit mechanical impedance Zg,,. It can be shown that the
electrical analog of a transducer is the circuit in Fig. 2.51. The factor ¢, is the
clectromechanical coupling factor or proportionality constant between me-
chanical force and electrical voltage in tho transducer. Similarly, ¢y, is the pro-
portionality constant between the force and electrical current. Figure 2,510 is
most useful for transducers with electrical coupling, and Fig, 2.51b for transducers
with magnetic coupling.

For analytical purposes, the various impedance components in Pig. 2.51a can
be ebtained most eastly from a measurement of the admittance of the circuit,
Let Z=1/¥, 2, = 1]Y,, and Yy be the motional admittance. Then

2
rnnw,,uy”-.z:fﬁ..‘ (296)

Similarly, the components in Fig. 2.51b can be obtained wmost easily from an
unpedance measurement: _

a -
Zedyrtiyniyr g O o . (297

Figuse .52 is a graphival usteation of Bq. (2.96) for a piczvelectric teans.
ducer.  Figure 2.52a is a plot of the data obtainable directiy fiom a bridge.
Figure 2,520 is a plot of the same data combined into one locus of G +jB usa
function of frequency. The blocked and motivnal adidttance is obtatned by
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Fig. 2.51, Electrival analogs of elactroavoustic transducers.

intetpolation as shown with the dashed lines in Fig, 2.32a, When plotted alone,
Gy is a constant, Y, is o straight vertical line, and ¥); is a civcle, as shown in
Figs. 2.52band 2.52v.

Fiaure 2.32 also vould be used to sepesent Eq. (2.97) for a magnetic trans-
duger by substituting R and jX Yor G and /8. Piczoeleciric tansducers conform
ruther closely to the weaizad vase represented in Fig. .52, however, but mag.
netic transducers do not. A typical plot for a magnetic transducer appears as
shown in Fig. 2.53. The blocked resistance obviously is not a constant, snd the
wealized eirouit shown in Fig. 2,518 must be moditied.  The modification
usuall. consts of ateanging sesistances and inductances in some combination
serfes-parallel configutation, und ussigning a phase dift ta the coupling factor Oy,

To mawh unpedances vt caleulate efifciency, the impedance rather than the
admitiance wually b desited. regardlass of the tansducer type. An impedance
plot of a pies wlectri . transducer §s shown n Fig. 2.54.
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0

Fig. 2.53. lmpedance of a transducer with magnetic coupling.

The particular vectors shown in Fig. 2.52b are for the frequency of me-
chunical resonance—that is, the frequency at which Z,,, + Z, is a minimum,
Y3 is a maximum, or the imaginary part of either (Z,, + Z,) or Yy goes to zero.
Spurious resonancss are indicated by secondary loops as shown in the dotted line
in Fig. 2.5, Since Z and Y obviously are functions of Z,, transducers must be
radiating into their normal acoustic radiation load durinig an impedance measure-
ment at frequencies near resonance. At frequencies far above or below resonance,
however, 7, << Z), and Yy <K Y, and the loading condition is not critical.

Note tlat the Jiameter of the motional loop is inversely proportional to
(Z.y + Z,) Operating an underwater transducer in air is equivalent, essentially,
to setting Z, cqual to zero. This allows ¢3/2,, to be measured alone or

of

<o .

wann SECONDARY RESONANGE

Fig 254, Impedane of a transduve: with elecuic coupling.
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independently of Z,. This kind of measurement is used to compute the trans-
ducer efficiency; it is discussed further in Section 2.14,

The electrical impedance of electroacoustic transducers is analyzed in more
depth elsewhere in the literature.53-55

2.14 Efficiency

The steady-state power delivered to a transducer either is dissipated in the
electrical or mechanical resistance within the transducer, or it is radiated away.
Insofar as the electrical analog of a transducer is concerned, the radiated power
is considered as dissipated in the radiation resistance. The efficiency is the ratio
of the output radiated power to the input or total power delivered to the trans-
ducer. Two methods are used to measure efficiency. In the direct method, the
input and output powers are measured directly. In the impedance method, the
ratio of the input and output powers is inferred from impedance measurcments.
The impedance methed is casier, but, because of necessary assumptions, it also is
more susceptable to error and, therefore, of limited usefulness. The two methods
do not always agree. When they do not agree, and when the efficiency of a trans
ducer in conventional free-fleld conditions is desired, the direct methed is pre-
ferred. When the conditions are other than freeficld—as, for example, in
industrial ultrasonics—the impedance method may be preferred.

Uniike most electroacoustical values, efficiency has a theoretical limit— 1003,
This fact can be quite helpful. Anyone of long experience with highly efficient
transducers probably has obtained measured values of efficiency higher than
100%. A measured value of, say, 105% is not to be ignored and can, in fact, lead
to 2 very accurate conclusion=provided one has a good estimate of his measure-
ment error.  Suppose this estimate is £10%. Then, a measured efficiency of 75%
means, in fact, that the efficlency probably is in the 65% to 85 range. With
the same measurement error, the measured 108% implies that the real efficiency
probably is in the 95% to 115% range. Efftclencies of move than 100% being
unpussible, it is concluded that the real efficiency must be in the relatively nar-
row range from 95% to 10076, Such logie is no substitute for a good measure:
ment and must be us? with resraimt.  Nevertheloss, it s true that measured
values abiove 100% are not automatically discarded as useless.

241 Direct method v :
n the direct method, the input power is measured, a5 it would be in any
puicly clecurical measuroment, by asing any one of the famiiat relationships:

12 : ’
P PR, & i— * dicesl, (298)
. ] ’ ’

whete £ is the wput power, €13 the input wms curtent, ¢ s the input rms voliage,
0 is e phase angle between ¢ and i, R, 15 the series resistance measured actoss
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the wput terminals, und Rp 15 the parallel resivtance measured across the input
termmnals. The resistances R and R, will be functions of the clectrical, me-
chamical, and radiation resistances, of wursc and normally will not be frequency-
independent constants.

The output pover P, is obtained from u measurement of the sound pressure
on the acoustic axis, and a measurement of the directivity factor Ry or direc-
tivity index ;. The characteristic impedance pe of the medium is presumed
Kknown. Then

P, = [(4ar?) = (%)umz ), (299)

where, as in Eq. (2.79), T 1s the iniensity averaged over all directions and /g is the
intensity on the axis, both at a distance #, and Ry is the directivity fagtor. Then,
. . . 3>

if p, is the rms pressure on the axis at distance 7, Jg = p¥/oc, and

2 4rr?
w = Lo ,\fe; 2, (2.100)
The efficiency n s, then,

P,  @rripl)

ne N 2 m {2.101)

If 7 1x takien as | meter. the ratio p,fi s the Uranumitting cursent response S, and
, Pq. (.. 101 ) umpﬁfws 10

Rl \R, ,)\ g | (2.102)

Equatsen (2.102) appltes as i, i MXS units are wsed, I the hybnd s siein of
practal eleunml uniits and v acoustical umis ae wsid,

5 Vs a o _
hATTST 2,10
(R'R‘x‘_} - e

Lottng A = (Hapedio” 3 and putting B, (2005} into is deuibel fosm yiolds
b % 200N~ Dy - 10lor R, ¢ 100gK.  (2103)

Tite coustant 10 1o K deperds on the wodiue  Fov <ea water a2 20°C. 38 fratls
per 1000 ulumh and aimagphens gumme A “709 &B. Fer avassmants
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in fresh water tanks and as a function of temperature and pressure, the constant
is slightly different:

10log K
_§:_C_ 15°C 25°C
Atmospheric pressure -70.5 =707 -=70.7
1000 psig -70.6 -708 -—70.8

The output power of a transducer also can be measured by reverberation
techniques.36 Such a technique is not applicable to a conventional efficiency
measurement, however, because the radiation resistance of the transducer when
radiating into a reverberation tank is not the same as when the transducer is

 radiating into a free field.

2.14.2 Impedance method

At the resonance frequency of an electric coupling transducer, the motional
reactance is zero, and the analog circuit in Fig. 2.51a becomes the circuit in
Fig. 2.55 where R,, is the mechanical resistance and R, is the radiation resist-
ance. The efficiency obviously is the ratio of the power dissipated in R, to the
total power dissipated in the whole circuit. From Figs, 2.52¢ and 2.55, it can be
seen that the diameter of the motional admittance circle with a normal water
load is given by D,, = ¢2/(R,, + R,). When the transducer is operated in air, R,
is rero for all practical purposes and the circle diameter in air is D, = ¢2/Rp,,. It’
can be shown from conventional circuit analysis that the efficiency is given by

ERy
= }? = Dw(Da_("Dw)

where G is the total conductance at resonance.

>
i; Ry /4%

RHY ———a z

g
> 8, /6%

ANRA

Fig. 2.55. Electrical analog of an electroacoustic transducer when the
motional reactance /(X + X,)/¢2 is zer0.
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Similarly, for transducers with magnetic coupling, it can be shown that

= Dw(Da -D,,) ~

= SR (2.106)
where D,, and D, now are the diamcters of motional impedance circles and R
is the total resistance at resonance.

The impedance method o computing efficiency should be used with caution.
Electrical impedance can be measured more accurately than can acoustical pres-
sure, and therefore one might think the impedance method is superior to the
direct method. This is not true. Aside from measurement errors, the impedance
method is sensitive to the mitial assumptions that the transducer is described
accurately by the analogs in Fig. 2.51, that the impedances are fumped param-
eters, that the impedances are independent ot each other, and that there are no
stray impedances. Many wicrd looking impedance curves that only generally re-
semble Fig. 2.52 give ample cvidence that these assumptions often are untenable.
This is particularly true for iagnetic transducers, It is true also for reasons un-
connected with the transduction element itself. To illustrate, many piezoclectric
transducers consist of crystals or ceran ic elements immersed in oil and encased in
a rubber boot, Removing the vater lowd does not reduce the radiation impedance
to zero. The oil and rubber 1emain, lading the crystal. If the remaining oil and
rubber happen to be near o quarter-wave thickness, the radiation impedance
actually could be higher in awr than in water! More details about the theory of
this technique are available in the literuture,43.54.55

The impedance method should be reserved for circumstances where con-
venience outweighs the need tor absolute accuracy.

2.15 Linearity and Dynamic Range

Linearity and dvnamic ringe are telated coneepts in that both pertain to a
dependence of the rransducer calibration on the signal level,

Lincarity has a very precise mathematical meaning. A trunsducer is linear if
its output is proportional 10 its input—that Is, if the quotient outp t/input is
constant or independent ot the absolute value of either the output or the input.
The signal range over which a transducer is hnear is found by measuring output
s input over u wide range of signal levels, When the cutput is plotted as o func.
tion of input, using rectangular coordinates and lincar scales, the transducer is
linear where the plot is a straight lne. For u hydrophone, the output is open.
¢lreuit volrage and the input s free-ficld pressure. For a projector, the ouiput is
{roe-field prossure and the input is curtent or voltage.

Dyramic range has a less precise definition than doos lincarity. 1t generally is
a measure of the signal amphtude range in which a hydrophone can be used to
detect and measure a sound prossure. Th2 stundard definition is “the difference
between the overload pressure level and the equivalent noise pressure level."
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The term “overload™ has no precise meaning in either a qualitative or a quanti-
tative sense. The overload may be caused by signal distortion, overheating, mag-
netic saturation, damage, etc. The method of overload determination must be
specified. Any appropriate quantitative criteria, such as percentage of harmonic
content of the signal, also should be specified.

The cquivalent noise pressure is the rms sinusoidal pressure that will produce
an rms voltage equal to the inherent noise voltage of the transducer when the
noise is measured in a 1-Hz band centered in the sinusoidal frequency. Thus,
the equivalent noise pressure is a theoretical threshold at which the signal-to-noise
ratio is 1, or 0 dB. In practice, the threshold or minimum detectable signal may
be eithe, higher or lower than the equivalent noise pressure. Measurements
seldom can be made in a 1-Hz band. Bandwidths wider than 1 Hz generally are
used, thereby raising the rms inherent noise voltage output and masking a
sinusoidal signal having a rms voltage output equal to the equivalent noise
pressure voltage. On the other hand, modern signal processing techniques enable
signals well below a noise level to be detected and measured. The measurement
of equivalent noise pressure is discussed in Section 2.16.2.

The overload pressure level is measured by merely subjecting a hydrophone to
gradually increasing free-field pressures until the overload condition is observed.
Since the overload condition is somewhat arbitrary, it is possible for a transducer
to be nonlinear and yet not be overioaded. Mapgnetostrictive transducers, for
example, are inherently nonlinear, and usually show nonlinear response well
below their maximum useful signal level or overload point. The reverse also is
true. That is, a transducer may be overloaded and yet linear. The overload point
of a moving-coil transducer usually is set by the heating of the voice coil wire.
The (pressure output)/(current input) quotiont, however, is essentially inde-
pendent of the heating effect; therefore, a moving-coil transducer with a hot voice .
coil still can be linear. In some lterature, lincar range and dynamic range arc
synonymous. This is valid only if one chooses nonlinearity as the criterion for
overload, and if the transducer is linear down to its inherent noise level. The
latter condition seldom exists, since noise will interfere with signal levels well
above the equivalent noise pressure level.

Dynamic range is not applied to projectors, because the minimum signal that
a projector can produce is of negligible interost. 1t is the limitations at the high
end of the signal amplitude range that are important.

Some sonar transducers are driven at signal lovels above the linear range. The
resulting nonlinear effects (distortion, etc.) are accepted as less important than
other technical or economic considerations. Test ¢r calibration measurements
can be made on nonlinear transducers, but the measurements have vory limited
application. The formal definitions of transmitting current response, free-field
voltage sensitivity, impedunce, efficiency, etc., apply only to linear transducers,
and the terms have no standard meaning in nonlinear cases. When similar
measurements are made on nonlinear transducers, the absolute value of at least
one of the parameters (pressure, voltage, or current) must be specified. Since
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harmonic distortion is a cormumon factor in nonlinear systems, it is necessary also
to specify whether the data apply to the fundamental frequency oaly or to the
combined fundamental and harmonic frequencivs. In general, the measurement
conditions must be completely specified for a noniinear transducer, and the data
cannot be extrapolated to other conditions.

2.16 Noise Measurements

There are two standard general definitions of noise. The first is that noise is
any undesired sound. Thus, if one sonar signal interferes with a second sonar
signal, the first one is noise even though it may be a pure sinusoid. Sixty-hertz
“lwum™ or other power frequency interference likewise is nowse. The second
definition is that noise is an erratic, intermittent, or statistically random
oscillation, .

“Some noises may be erratic and intermittent but still confined to certain
discrete frequencies. Such noise has a line spectrum, the term being borrowed
from optical spectroscopy. Other noise has a continuous spectrum; that is, its
frequency components are distributed continuously over a frequency region.

Insofar as measurements are concerned, we are interested in noise in the sense
of the second definition, and our attention will be confined to noise in a con-
tinuous spectrum,

Such noise can be assumed to be the superposition of an infinite number of
sinusoidal signals, each of a different frequency and of random amplitude about
some mean amplitude. The relative mean amplitude of each frequency com-
ponent varies with the type of noise, When the mean amplitude is independent
of frequency, the noise is calied white noise, from the analogy with white light.

The amplitude of ambicent sea noise decreases S dB per octave us the fre-
quency increases, 1 most practical cases, the amplitude is a smoothly changing
function of frequency. The total sound energy in a finite band of frequencies is
distributed among an infinite number of frequoncies. The sound cne = in any
single frequency component, thus, is vanishingly small so that noise must be
measured in u band of frequencies.

The sound energy in 2 bund of frequencies depends on the bandwidth and
how the amplitude of the frequency comypunents varies with frequency. If the
noise is essentially white, the energy Is preportional to the bandwidth. The rms
pressure in o band of accustic noise has no unique relationship to the sound
energy, In most practical cases, however, the rms pressure squared (or, mean of
the pressure sqquared) is proportional to the energy, and therefore also propor-
tional v the frequency bandwidth. An acoustic noise thus is measured by the
rs pressure squared p2 und the bundwidth Af w which p2 is measured. The
prossure spectrum level or PSL is defined by the equation

PSL = 20 Iog(;%)" 10 log Af, (2.107)
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where pg is the reference pressure of 0.0002 ubar, and Af is the bandwidth in
Hz. Thus, PSL at a frequency [, is the rms pressure level above 0.0002 ubar in a
1-Hz band centered on fy. The measurement ordinarily cannot be made with a
1-Hz filter, and 20 log Af therefore is greater than zero. The noise must be
essentially white in the band Af, or an average PSL is measured. The selection of
a practical bandwidth is a compromise. The bandwidth must be narrow enough
to ascertain variations in the PSL as a function of frequency, but not so narrow
that the random instantaneous noise amplitude becomes so large that p? cannot
be measured accurately. Figure 2.56 shows how a noise signal appears on a re-
corder chart when a white noise is measured through different filters.

6000 Nz

I
ar o 04 06 08 | ? 4 ] ¢

Flig. 2.56. Noise signal measured through a 6000-Hz, a 200-Hz, and a 20-Hz, swaep-
ing, bandpass filter,

Insofar as electroacoustic measureruents ure concerned, noise lovels are
measured for two purposes. First, it may be sorne acoustic noise itself that is of
interest, as, for example, ship noise. The measurement of noise itself requires a
noise meter, and the calibration of a noise meter is discussad in Section 2.16.1.
Second, the inherent noise in the meter or measuring systom is of interest be.
cause it is the limitation on the minimum measurable signal, or low linit of the
dynamic range. This Hmitatlon is expressed as the equivalent noise pressure. It is
discussed in Section 2.16.2,
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2.16.1 Noise meter calibration

A noise meter can be calibrated most simply by putting the hydrophone in a
known noise sound field. However, the noise field can be known only if it is
measured by a second calibrated standard meter or system. Ultimately, one must
depend on one of the absolute hydrophone calibration techniques described in
this chapter for continuous-wave sinusoidal sound pressurc. Given such a cali-
brated hydrophone, consider the noise-measuring system shown in Fig. 2.57.
The electroacoustic element of the hydrophone is represented by the Thevenin
generator voltage e, and impedance Z. The voltage e, = Mp, where M is the
known free-field voltage sensitivity and p is the unknown sound pressure. The
voltage ¢; is a known voltage that can be placed actoss the calibration resistor R.
The meter itself includes the hydrophone preamplifier, filters, and all other
clectronic components. It may also include the signal generator for ;. The
reading of the voltmeter, recorder, oscilloscope, or whatever else is used to
measure or observe the system output, is indicated by e,. If R is small in com-
parison with Z and the meter input impedance, then the ratio e, /e, = e,/e; =K,
where X is s meter calibration constant, Then

) = Lo Y
-é'; Mp = K, (2108)
OF
-‘;-;’. = MK, (2.109)

I¥ we were dealing only with sinusoidal sound pressures, Eq. (2.108) would consti-
tute the calibration formula, where e, /p is the system calibration in terms of the
hydmphone calibration M and meter calibration K,

When p is the rms nolse pressure in a band of frequencies, M and K must be
known for the frequency band. and e must be proportional to p? or to the
tutal power in the froquency band, Ordinary voltmeters, even when calibrated
in teems of nins voltages, are not power meters. Combining Eqs. (2.107) and
{.109) produces

PSL = Xloge, ~ 20lop MK =~ 20logpy = 10legdf  (2.110)

The value of MK at the bandpass centor frequency is used. Any change of A and
K with Trequency then is aceounted -or in the effecuive bandwidth Af. Figure
28K shows (MK)? plotted as o funeion of frequency. Wlen both coordinate
suales are Nncar, the area under the soliddine cuve is proportional to the power
through the hydrophoneaneter fdter system. A planimeter or other graphical
echnique is used vo determine this area, and then an ideal Niller characteristic
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THEVENIN ANALOG OF HYDROPHONE ELECTROACOUSTIC GENERATOR

METER

(preamplitier,
tilters, etc.)

ATE SIGNAL

Fig. 2.57. Meter for measuring acoustic noise.

shown as a dashed line is drawn having the same area under the curve. The
height of the ideal filter bandpass characteristic (MK)? is taken as the value of
(MK)? at the center frequency fo. The ideal or effective bandwidth then isAf
as shown. The selection of the center frequency fp is somewhat arbitrary. The
frequancy of maximum (MK)? could have been chosen. Then, since the product
(MK)Af is fixed, 10 log Af would docrease by the same amount that 20
log MK would increase, and Eq. (2.110) would be unaffected. Thus, MK,
Lo, and Af in Eq. (2.110) all are known, and the PSL is determined by the
moter output @,
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___l"ig. 2.58. Real (solid ine) and equivalznt ideal (dashed line) filtes charactosistic.
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2.16.2 Equivalent noise pressure

The equivalent noise pressure is the normally incident sinusoidal rms pressure
that produces the same hydrophone open-circuit voltage as does the inherent
electrical noise of the hydrophone, when the electrical noise is measured as the
rms voltage in a 1-Hz band. Equating these two voltages and solving for the
pressure p, we obtain

= e
P= 3 .111)
where M is the free-field voltage sensitivity and e, is the noise voltage. Theo-
retically, e, is measured in much the same way as the hydrophone electro-
acoustic generator voltage eg described in Section 2.16.1 From Egq. (2.108),

en = &g = ;{9- (2.112)

Converting e, to a 1-Hz band gives
20loge, = 20loge, — 20logK - 10l0g Af. (2.113)

Usually, the inherent noise of an electroacoustic generator without its pre-
amplifier is too low to measure. That is, the electrical noise of the measuring
system, or the ambiont noise in the medium, is greater than the generator noise.
Then, the inherent noise is computed by assuming the noise is all of thermal

M i

where & - the Boltzmann ga: constant 1,38 x 10-2* joules per degree Kelvin, T'is
the absolute temperature in degrees Kelvin, and R Is the equivalent series resist-
- ance of the transducer, The resistance R may be a function of the acoustic load,
pressure, temperature, and so forth, and therefore must be measured under the
“proper environmental conditions. - For the temperatwre 20°C, Eq, (2.114)

seduces to
el 1.6 :
v (ml-,g)l\ (2.115)

- Combining Eq. (2.111) and (2.115) produces
Wloge & =1979 + lologR + 10logdf ~ 20logM,  (2.116)
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If the equivalent noise pressure of the hydrophone, including a preamplifier
or other associated circuit, is needed, then the measuring technique described in
Section 2.16.1 is used. The preamplifier then is included in the generator as
pictured in Fig. 2.57 and the calibration signal e; is inserted between the pre-
amplificr and the remaining part of the measuring system. There are some
practical problems with this kind of measurement, if both the preamplifier
output and meter input have one terminal at electrical ground. This situation
is discussed in more detail in Section 3.6.

REFERENCES

1. T. A. Henriquez, “Diffraction constants of acoustic transducers,” J. Acoust. Soc. Am.
36, 267 (1964),
R. J. Bobber, “Diffraction constants of transducers,” J. Acoust. Soc, Am. 37, 591
1965).
W. Schottky, “Das Gesetz des Tiefompfangs in der Akustik und Elektroakustik,”
Zeitschrift fur Physik 36, 689 (1926).
S. Ballantine, “Reciprocity in electromagnetic, mechanical, acoustical, and inter-
connected systems,” Proc, Inst. Rad. Engr. 17, 929 (1929).
W R. MacLean, “Absolute incasurement of sound without a primary standard,” J.
Acoust. Soe, Am. 12, 140 (1940),
R. K. Cook, “Absolute pressure calibration of microphones,” J. Acoust. Soc, Am.
12, 418 (1941).
Summary Technical Report of NDRC, Div. 6, Vol, 10, *Sonar Calibration Methods™
(1946),
E. M. McMillan, “Violation of the reciprocity theorem in linear passive electro-
mechanical systems,” J. Acoust, Soc. Am, 18, 344 (1946).
R. J. Bobber and C. L. Darner, “A linsar passive nonreciprocal transduces,” J,
Acoust, So¢, Am. 26, 98 (1954),
R. J. Bobber, “A general reciprocity parameter,” 1, Acoust, Soe. Am. 39, 680 (1966).
L. L. Foldy and H. Primakof¥, “*Genexal theory of passive linear electroacoustic trans.
ducers and the clectroacoustie reciprocity theorem 1,” J, Acoust, Soe, Am. 17, 109
(1945); and Past 11, 19, 50 (1947),
E. L. Camntensen, “Self-seciprodity calibration of eleetroacoustic transducers,” J.
Acoust, Soe, Am, 19,961 (1947),
G, A. Sabln, “Transducer calibration by impedance measutements,” J. Acoust. Soe.
Am. 28, 705 ¢1956).
R. B, Patterson, "Using the ecean surface as o reflecter for a selfveciprocity calibea:
tion of a transducer,” 1. Acaust, Soc. Am. 42, 653 (1967).
R. J. Babbet and €. A, Sabin. “Cylindsical wave reciprocity pasameter,” J. Acouut,
Sov. Am. 32, 923(A) (1960); 33, 436 (1961),
B, D. Simimons and R, J. Urlek, "Plane wave tesiprocity parameter and its application
to calibration of electioacoustie transducers at cloye divtances,” ), Acoust. Soe. Am,
21,633 (1949).
L. €6 Beatty, “Reciprocity catibration in a wbe with activodmpedance toraination,”
1, Aeoust. Sov. Am, 39, 20 (19606),
L. G, Deatty, R, 1. Bobber, and D, L. Phillips, “Sonar calibration i a high-presiure
wibe, ™ J. Avanst, $0¢, Ain, 39, 48 (1966). '
€. C. Sty and T. A, Herwigues, "Redijuocity calibration of a standaid hydtophoe
at 16,000 pii," ). Acsust, Soe. Am, 36, 1704 (1964),




3l
32
KX
.

35,

n
8.

39.
4,
4.
42
43,

METHODS AND THEORY 107

G. A. McMahon, “Coupler-teciprocity system for hydrophone calibration at high
pressure,” J. Acoust. Soc, Am, 36, 2311 (1964).

A. N. Golenkov, “Calibration of infrasonic hydrophones by the reciprocity method
in small water chambers,” Measurement Techniques 8, 637 (1959).

H. G. Diestel, “Reciprocity calibration of microphones in a diffuse sound field,” J.
Acoust. Soc. Am. 33, 514 (1961).

W. 3. Trott und E. N. Lide, “Two-projector null method for calibration of hydro-

phonesat low audio and infrasonic frequencies,” 1. Acoust. Soc. Am. 27, 951 (1955).
E. ¢ Wente, “A condenser transmitter as a uniformly sensitive instrument for the

absolute messurement of sound intensity,” Phys. Rev. 10. 39 (1917).

F. C. Wente, “The Thermophone,” Phys. Rev. 19, 333 (1922).

G.-W. C. Kuve, “Acoustical work of the National Physical Laboratory,” J. Acoust.
So¢, Am. 7, 167 (1936).

R. Glover a1d B. Baumzweiger, “*A moving coil pistonphone for measurement of

sound field pressure,” 1. Acoust. Soc. Am. 10, 2060 (1939).

L. L. Beranct, Acoustic Measurements (John Wiley & Sons, Inc., New York, 1949),
Seetion 4.4,

C.C, Sims and R, J. Bohber, *‘Pressure phone for hydmphunc calibrations,™ J. Acoust.

Suc. Am, 31, 1315 (1959),

€. C. Sims, “Hydrophone calibrator,” U.S. Navy Underwater Sound Reforence
Labaratoyy Research Report No, 60, 12 April 1962 (AD 279-904); see also J. Acoust.
Sou. Am, 36, 401 (1964), “*Rapid calibrator for small hydrophones.”

F. Schioss avd M. Strasberg, “Hydrophone calibration in a vibrating columin of
hignd,™ . Acoust. Sou. Am. 34, 958 11962),

Summary Te-haical Report of NDRC, Div, 6. Val. 11, “Sonar Calibration Measure-
ments,” page 42 (1946).

H. F. Olson, “Mechano-electronic transducers.” J. Avoust. Soc. Am. 19, 307
(1947

R, 1 Bobber. “Flectronie hydrophone far calibrations «t very low froquencivs,” J,

Acoust, Sov, Am. 26, 1080 (1954).

L. G, Beatty. “The dunking machine methad of hydrophuie calibration at intrasonie
trequenelvs,” U.S. Navy Underwater Sound Reference laboratory Rusearch Repost

No. 35 (19581 (AD 75330,

A, N, Geolenk w, “Abwlute calibsation of infrasonic pressure detectors m an st and

wat ¢ sesonstor with hydrestatic exeltation,” Measuromont Techmigues No, §,

pp 450 May 1965): also paper K41, Sth lmetmlk)ml Congzoss on Acoustics,
Licpe. Belghu « Sop. 1965,

T. b Hueter 2 1d R, B, Bolt, Senics (John Wiley & Sons, Ine., Now York, 1958), p. 43,

G. ticldler, ™ tomens-8anotest,” U1S, Pat. 2,531 844, Nov, 28, 1950 Gnanufastured

hy SemensR iniger Campany, Extangen, Gerimany).

AR, Laufer wd G L. Thomas, “New methed for the calibration of a plane bydiro-

phone,” ), Ac ast, Soe. Am, 28,981 (1956).

B. B Bauer, “ \ laboratory calibsator for gradsont hydrophones,” J. Acaust, Soc. Am,
39, sasily (J66),

Lo Keauy, Antenns: (MeGrawdill Buok Compaay, lne., New Yok, 1950),

Claw, 2,3, a0d 4

H. V. Olon, Youstioy! ﬁnmecvmg (D. Van Nowttand Co.. tne,, Prncutor, N, 3.,
1981, Chap. I,

VoM Albers. Underworer Soangites Hondbook (Fsamylvania State Gnivotsity Press,
1960y, Clup, 1.

H, Ssepel, 1 dfaden s Berechuury von Sehell: orgdagen (huline Springes, !mlam
19841 1o Ev lsh tansation by AL R, Stickley, “Handbook fos lhé Calculitwn of

wa Popag ton Phesaavna,” NEL Tmumm No. 130,




108

48,
46.
47.
48.

49,

50.

Sl

s2.

s
54,

55,
56.

METHODS AND THEORY

Summary Technical Report of NDRC, Div. 6, Vol. 13, “Magnetostriction Trans-
ducers,” Chap. 5§ (1946).

H. Stenzel, “Die akustische Strahlung der rechteckigen Kolbenmembran," Acustica 2,
263 (1952).

C. T. Molloy, “Calculation of the dircctivity index for various types of radiators,” J.
Acoust. Soc. Am. 20, 387 (1948).

F. Spandock, “Grenzen der Giite elektroakustischer Wandler,” Elektrotechnische
Zeitschrift A76, 598 (1955).

Sonar Transducer Computer (slide rule), Edo Corporation, College Point, L.I., New
York; Sonar Performance Calculator (slide rule), Raytheon Company, Submarine
Signal Division, Portsmouth, R.1.

Summary Technical Report of NDRC, Div. 6, Vol. 10, “Sonar Calibration Methods,”
Chap. 4 (1946).

P. M. Kendig and R. E. Muoser, “A simplified method for determinine transducer di-
rectivity index.” J. Acoust. Soc. Am. 19, 691 (1947).

A. E. Reznekov and A. Ya. Snytka, “The problem of measuring the axial concentra-
tion coefficient in ultrasonic radiators,” Measurement Techniques, No. 7, p. 654
(July 1965).

F. V. Hunt, Electroacoustics (John Wiley & Sons, Inc,, Now York, 1954).

F. A. Fischer, Grundziige der Elektroakustik (Fachverlag Schiele & Schén, Berlin,
1950); English translation by S. Ehrlich and F. Pordes, Fundamentals of Electro-
acoustics (Interscionce Publishers, Inc., New York, 1955).

Summary Technical Report of NDRC. Div. 6, Vol. 13, “Magnetostriction Trans
ducers.” Chaps. 2 and 3 (1946),

W. L. Brud, J. D. Donnelly, and L. E. Kinsler, “Investigations and application of
revorberation mwasurements of acoustic power in water,” J. Acoust. Soc. Am. 35,
1621 (1963).




Chapter Il

+ FUNDAMENTALS OF FREE-FIELD MEASUREMENT PRACTICE

kKN | lntquuction

Most underwater electroacoustic *.:casurements fall in the general category of
free-ficld tar-field measurements. Nearly all the other methods described in
" Chaptew, Il are specialized and not widely used, but facilities for free-field
measurerpents are widespread.  Virtually every naval laboratory engaged in
undersea 1esearch and development has a facility of some kind, as do many
naval concractors and some universities. Such facilities are relatively large
because free-field far-field measurements cannot be made on a laboratory bench
except, perhaps, at megahertz frequencies. Facilities usually are far from ideal
in providing the conditions assumed by the theory; consequently, correct
measuremient practice becomes very important.
s The theory of free-field farficld electroacoustic measurements makes few
o demands on measurement practico. All that is necded is (1) a free field, (2) a
projector-hydrophone separation large enough to satisfy far-field criteria, (3) a
o means of measuring input current or voltage and output open-circuit voltage,
'. and (4) values of a few parumeiars like distance, water density, and frequency.
. The parameters in (4) ure readily available, but the other three needs are decep-
tive in their apparent simplicity, The free-field requirement in particular is a
e . very large and complicated problem. A true free field or a uniform boundless
A wmedium is, of course, only an idealized concept. A major share of the practical
problems in underwater electroacoustic measurements pertain to achieving a
B ~ useful approximation to a free fiold.
ey : The theuretical requirements, along with convenience and economy, lead to
various measurement practices that are discussed i the sections that fullow,
_ Details of measurement praciice vary greatly from jlace to place and, of course,
Nl : they change with time. For the most part, the subjeots disgussed here are funda.
: mental to measureinent practice, although not ali the subjects apply to all
aeasrement sitluations, '

R : 3.2 Natural Sites and Facilitics

' A Matural sstes ke lakes, ponds, large springs, rivers. looded quatries, reservoirs,
W and ocean infets all have been used for freedield measurements. Such sites as

1w
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artificial pools and indoor tanks are used also, but they usually require pulsed
sound techniques and are discussed scparately in Section 3.12. The basic require-
ments are (1) enough space so that interference from boundary reflections can
be eliminated by pulsing techniques, anechoic boundaries, or spreading losses due
to long distances, (2) a low ambient noise level, and (3) a water medium that is
relatively free of anything that will cause refraction and scattering, like currents,
temperature gradients, marine hfe, bubbles, and pollutants. Protection from
rough weather also is desirable from the pont of #iew of low ambient noise and
platform stability, as well as for comfort and convenience.

Facility platforms are of various kinds—piers, bridges, barges, or other semi-
mobile fluating structures, and boats or ships. Piers and bridges provide the best
stability and convenience. Where the body of water is large and deep, however,
a floating structure must be used and stability and convenience are obtained
through sheer size of the structure and the connections to the shore or bottom.

The critical dimension of natural badlies of water is the depth, because it
usually is smaller than the horizontal dimensions and because the top ot water
air surface and the bottom usually are the best reflecting boundaries. The side
boundaries of natural bodies of water usually are relatively distant and have
slopes that form a natural wedge-shaped sound trap with the water-air surfice;
that is, near-horizontal sound rays will be reflected many times between the
sloping bottom and the top surface, losing & little sound energy into the bottom
or into the air each time,

Sund, silt, or muck on the bottom will be pastial absorbers of sound, pravided
that there Is no decaying organic waterial in them. If the bottum does contain
decaying organic material, however, bubbles of gas (usually methanej form con.
tinually, and it actually becomes o water-gas surface and a good reflector.l\2
Whers both the top and the botiom are good reflectors, the interference is more
than merely twice that for the top alone. The two surfaces, which usually are
approximately parallel, produce multiple reflections or a standing wave betwsen
the top and bottom. Such interference can be many times the magnitude of a
single refloction interference.d Concave bottoms can produce focused reflections

“and thereby cause unusually hich interferance.

There 18 no simple eriterion for the minlmum aceeptable depth for a faciity
site. The type of transducer, the kind of measurement and the accuracy required,
the frequency range, and whether continuous wave or pulsed sound is used—all

- these gifect the requized depth. The expetience of some facilitios, howevar, pros
vides soime general guidance. Depthy v small as 20 feet have been used, buy
latgely for the ulirasondc frequency ange. For measurements at high audio and
ultedsonti froquencivs, depths of 25:30 feet ate typieal: for fvequencies below |
kHz, however, the 25:30 foot depth is marginal. 11 the mcasurenents ate being
-nade on widedband wansducers with approsimately constant response or sensh
tivity, boundary interlcience uswally can be recognized and cortections can be
wade. Teansducers with resonances below | KWz shuuld be calibrated in deoper
water where tansdueer depths of the otder of 50 fect ot more ate Teasible.
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Fish can be a problem if one must rig the transducers a: a shallow depth where
fish are present. The gas-filled bladders that many fish have act as bubbles that
resonate in the audio-frequency range.

Producers of ambient noise include boat or ship traffic, nearby machinery
(particularly pumps coupled to the water), trucks, railroads, rain, and wave
motion. Surprisingly, large airplanes are a source of noise interference bucause
their noise level is so high. Even with a 30-dB air-to-water transmission Joss, the
noise from an airplane can produce a high noise level in the water.

Temperature gradients are tioublesome when they are present at or neur the
depth at which the transducers are placed. The sound waves are refracted and
this of course can cause errors in measurcmeits. Figure 3.1 shows some tempera-
ture profiles or thermoclires wm Lake Gem Mary at Orlando, Florida, before
measures were taken to eliminate the gradients. Some species of fish appatently
prefer cortain water temperatures, which leads to concentrations of fish at certain
depths. Temperature gradients in small quiet bodies of water are greatest near
the surface and in warm weather. In deep lakes, the gradient becomes neghigible,
for purposes of clectroacoustic measurements, at depthsof 50-100 feet. A spring
usually will be almost isothermai and have no gradients. Small lakes or ponds can
be made isothermal by forced vertical circulation of the water. A high-capacity
low-pressure purap is used lor his purpose at the Dodge Pond Facility of the
Navy Underwater Sound Laboratory in New London, Connecticut. At Lake Gem
Mary in Orlando, Florida, high-pressure air is released through a grid of perfo-
rated pipes supported near the bottom beneath the measurement working area.
The bubbles rise to the surface, and produce vertival cireulation in the process,
Thus circulation, maintained for a few hours each night, keeps the whole 800-ft.
diameter, 30-1.deep lake approximately isothenmal, Vertical cirulation also
inhtbits the praduction of methane bubbles by anavrobic bacteria on the bottom,

Clean water 15 helpful although not necessary. Artificial pools and tanks can
be kept clean by circulation and filtering. Thin plastie liners sueh as would be
used for a deep artiticial swimming poe! can be nsed to accomplish the same
~ purpose in natural bodies af water, The liner is suspended in the water avd fonns
an snclosed pool within the iarger lake or pand. ‘The plastic is acoustically trans.
 parant so the freedield characteristies of the large natusal body of water ate
tetwined, but the confined water can be filtered to heop 1t clean,

The facilities shuwa in Py, 3.2 10 3.7 ate representative of natural sites used
by naval activities and contractons. The TRANSDEC facility shown ir Fig. 3.7

i an . aficial pool, but is unusually large, and more avardy characteristic of an
outdoor natural site factlity than of 20 indear artifictal poul of tank.
3.5 Teansducer Preparstion and Positioning

Transducers that are being roudicd for unmersion in the watet shouid be
theroughly washed with 2 wetting agent. 1t & vitally important that & air io
cracks, slobs, cotners. aind s forth be complotely elisinated. 1 is iaportant alio
that the temperatute of e tamsgucer be equalized witls that of the water and
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Fig, 3.1, Typical thermoclines in Lake Gem Mary, Orlando, Florida. Average
depth of the lake near tho calibration facility is 8-9 meters,
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Fig. 3.2, Lake Facility of the Underwater Sound Reference Division of the Naval Resesrch
Laboratorv at Lake Gem Mary near Orlando, Florida. The structure eonsists of theee parallel
and essentially identical plers supperted by widely spaced tutwler piling driven doep Into
the bottom of the luke. Water depth boneath the plees is 89 meters,
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Fig. 3.3, Leesburg Facllity of the Underwator Sound Reference Division, Naval Research
Laboratory, near Leesburg, Florida. The structure consists of a floating platform and walk-
way supported by steel Navy pontoons tilled with foamed plastic, The water source is a
slow-flowing spring 30 meters deep over a 30 x 60 moter area.

Fig. 34, Facllity of the Applicd Reseaech Laboratotles of the University of Yexas, The
take avtually I3 8 vasarvoir bahing a Lirge ¢ a fow hundeed yards to the right and out of the
picture. The water level by subject 1o Lisge amd rapld changes, sud the foating structure Is
Loosely ded 10 the ghom w as 1o allow fue the change.
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Fig. 3.5, Tlacllity of the Navy Underwater Sound Laboratory at Dodge Pond nsar New
London, Ciomectiowr. The peid is wbout 12 metors deep. The structure is floating and
supported v pontoens. The water lovel ls stable. The structure including the walkway
(and drivewity) also is rable anc firm and functions \omewlut ke a floating pler,
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Fig. 3.6, Facility of the San Dicgo Division of the Naval Undersea Rescarch and Develop-
ment Center on Lake Pend Oreille in northem Idaho, The lake is about 200 meters deep
beneath the floating barge, and moasurements are made at depths of 30-60 meters. Long
anchor lines connect the barge to the shore and bottom,
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Fig. 17, TRANSDEC Facllny of the Naval Underes Rewareh and Pevelopment Contet,
on Polat Lo, San tiego, Califuanla, The very tage artifiewd post b spained by a Badey
Bridgedype structuse,
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stubilized within itself. If a transducer that has been lying in the heat of the sun
or for any other reason is unusually warm is put into cool water, air bubbles may
coilect on its surface. The warm transducer will heat the water layer next to the
transducer. If the water already is saturated with air, the air will come out of
solution and cling to the transducer because air is less soluble in warm water than
in cold water. Uneven temperatures within a transducer also may cause stresses
and strains. It is good practice to soak a transducer several hours before measure-
ments are made.

The rigging structure that suspends or holds a transducer in the water should
be acoustically as invisible as possible. In practice, this 1means a structure that is
as light as is feasible, consistent with other requirements of mechunical strength
and rigidity. Lattice-work is preferable to single large beams. Pipes and hollow
rods should be free flooding. The structure should be as remote as possible from
the transducer diaphragms or active faces and the acoustic path between the pro-
jector and hydrephone. Care must be taken so that parts of the transducer that
normally vibrate, intentionally or otherwise, are not clamped or damped by the
vigging. Figure 3.8 shows a typical rigging of small transducers.

qimbal or ball-and=sockat jvint
rolling carriages
ralt

-~

cudls N cuble

o slsplers P_/ummw

Prirphers
prontieor . wih presimplitias

Fig 3.8, Typleal rigging of snall ansducess,
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Both rigid and free-hanging rigging is used. In the rigid type, the transducer
is rigidly connected to the supporting platform. In the free-hanging type, a
gimbal or a ball-and-socket-type suspension is used so that the transducer hangs
freely from the platform. The frec-hanging type is preferable where the trans-
ducer is a symmetrical or balanced load, and where especially deep rigging is
used. The rigid type is used where unbalanced loads are difficult to avoid. For
example, if a transducer consists of a cylindrical housing with the diaphragm or
acoustic center at one end, rotation for directivity pattern measurements must
be about an axis at that end, as shown in Fig. 3.9, Counterbalancing is possible
but difficult with a frec-hanging suspension. Precise counterbalancing must be
done in the water so that buoyancy effects are included. For unusually heavy
unbalanced loads, even rigid rigging may need counterbalancing as shown in
Fig. 3.10. Counterbalancing fov a rigid structure need not be precise. The
counterbalancing weight should be kept remote from the transducer.

I__..;t,_ rotator

B o carrioge

roll

Fig. 3.9, Righd rigging for rotating ain unbalanced toad,
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Fig. .10, Rigid and counterbalanced rigging for » heavy unbalanced lead.

In most “acilities, the transducers are suspended from carviages that can be
moved alon . rails oncthe platform. This arrangemen® makes it easy to adjust the
distance bet veen the projector and the hyd.ophone.

There are four nonnal positioning requiven-ents: (1) The projector and hydro-
photie must be at the same depth. (2) The prajector and hydrophone sepatation
must be kaewn, (3) The duwection of the acoustic axis of each transducer must
be hinown. (4) Winn rotatan I3 involved, the axis i rotation must be known,

All positons are determited relative to the acoustic center of the ransducer,
The cholee of the acousti. center can be arbitrars, Any point on, or even
renimte fron , the trensducer van be chosen. Howeve:, if the real dcoustic center,
Of point an a1 projector fron which the transmitted s wind appears to emanate. is
not the sam- a8 the chosen . coustic venter, tien the nydrophone must be placed

=y e S oo I e —— e e —-
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so far away that the separation of the two centers is negligible. That is, the
projector-to-hydrophone distance would have to be about 100 times the distance
between the real and the chosen acoustic centers or farther. Consequently, in
practice, the acoustic center is chosen to be as near as possible to the real center.
The real acoustic center is known accurately only for some symmetrical radiators
like spheres and cylinders, where the acoustic center and the center or symmetry
are the same. For piston radiators, the center of the piston face is used. When
the transducer is of some unusual configuration, the location of the acoustic
center may not be evident. Then, distance loss measuremenis can be made. For
example, measure the pressure at two different distances dy and d,. If the
assumed position for the acoustic center is the correct position, the ratio of the
measured pressures should conform to the inverse square spreading law; the pres-
sure level differences should be 20 log (dy/d,). If the measured difference is
lower than the computed difference, the assumed acoustic center is too far
forward. If the difference is too large, the assumed center is too far to the rear.
This test is illustrated in Fig. 3.11, Qbviously, if both d, and d; are large, the
error due 10 Ad in Fig. 3.11 will be small. In this test, it is assumed, of course,
that there are no distance loss errors for other reasons such as are listed in
Saction 3.5,

arsumed ocoustic canter
Rydrophond pOSItions reql QCOVRNC Cone

N—

, »
2 |

computed distonce Lo ¢ 20 logldy/dy)

mensred distonce 08 -aom-:-ﬁ%-)
. 2044 (" 24 )<zom(;~)

" Fig, 301, Distance-doss test for finding the 1l acoustie center.
'
Guod precision in positioning is posaible, and pesition errors are not eritical,

It is easy, Tor example, to pasition the projector and hydrophone with a separa.
tion error of less than 2%, and a 2% erroi would cause a pressure lovel errot of

, less than 0.2 dB,

Inaceurate orientation of the acoustic axis is more serious than position errors.
Aone-degree inisaligninent of the axis can result in prossure level ertors of several
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dB where the level is measured on the side of the main lobe of the beam pattern.
Large transducers sometimes arc oriented acoustically; that is, the orientation
that produces maximum response is taken as the acoustic axis.

Errors in depth can lead to the unusual observation of a negative distance loss.
The apparent pressure level will go up instead of down as the projector-to-
hydrophone distance is increased, if one of the transducers has a narrow beam.
The effect is illustrated by Fig. 3.12. At the short distance, the hydrophone is
below or to the side of the main beam. When the separation is increased, the
hydrophone angle error becomes smaller or the acoustic path moves closer to the
maximum of the main beam. The signal incrcase due to being higher up on the
main beam exceeds the distance loss, thereby causing a reversal of the normal
distance loss.

S
I hydrophons
poaition choage

Fig. 3.12. Inverse distance loss Ap due to dopth error Hd.

For recording directivity patterns, transducers almost always are rotated about

. avertical axis, with the transducer being reoriented in the hanger to obtain pat.

terns in various planes. The mechanical rotator usually is ahove the water, except
in some very deep water facilities.

3.4 Proximity Criteria

A projector and hydrophone ave separated by the minimum aceeptable dis-
tance in order to minimize interference from reflections. The criteria lor the
minimum distance or proximity are a function of the size and configurarion of

* both transducers and of the type and desired accuracy of the measugement.

The proximity criterion for a projector alone comes from the requirement im.
pied in the definition of the transmitting current or voltage response that the
pressure be that in a spherically diverging wave. The reference distance is one
meter from the projector. If the wave is not spherically divergent at one meter,
liowever, the pressure must be measured at some larger distance and exirapolated
back 1o one meter by making the assumption that the prossure is inversely pro-
postional to the distance.

The proximity requirement for a hydrophone comes from the definition of

" the freedield voltage sonsitivity in which the input free-ield pressure is specified
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as that in a plane progressive wave. Plane waves can only be approximated in 4
free field, so the practical requirement is that the hydrophone intercept a segment
of a spherical wave that is indistinguishable from a plane wave. That is, the
segment must be very small or the radius of curvature of the wave must be very
large.

The question of sufficient distance between projector and hydrophone can be
answered experimentally. With a constant current into the projector, the output
voltage of the hydrophone can be measured at two or more distances. if the
voltage i3 inversely proportional to the distance, the proximity criterion is satis-
fied. However, if the desired proportionality is not found, the error may be due
to causes other than proximity, and the question is not answered. For such
reasons, as weli as for measurement design and planning, proximity criteria and
an understanding of proximity effects arg useful.

Proximity criteria are available in the literatured.5,6.7 for transducers of com-
mon shapes like pistons and lines. These criteria apply to single transmitting
transducers in that they define the distance at which the Fresnel zone or near
field ends and the Fraunhofer zone or spherically divergent far field begins, When
applied to projector-hydrophone combinations, thesc criteria are valid only if
the hydrophone is essentially a point sensor. If neither the projector nor the
hydrophone is a point, a proximity criterion for the combinations must be es-
tablished. This criterion is not merely the sum of the individual criteria for the
two transducers.

Although proximity criteria for single transducers usually are visualized in
terms of where the spherically divergent far field of a projector begins, the
criteria apply also to the transducer as a hydrophane, From weciprocity theory,
it is apparent that the proximity criterion for the combination of a large piston
and a small point transducer, for example, must be the same, regardless of which
is the projector and which is the hydrophone.

The combination of a large circular piston and a small point transducer is a
comimon and particularly suitable example to illustrate the theory and rationale
of proximity criteria, . _

If the large piston is the prajector, the sound pressure on the pision axis, as
would be measured by a point hydrophone, is shown in Fig, 3.13. The dashed
curve showing the inward extrapolation of the far-field pressure meets the solid-
line cueve very gradually, indicating that there is ho exaet boundary between near
field and far {leld. It is not susprising, therefore, that the proximity criteria of
different authors do not always agree.

If the large piston were the hiydrophone and the projector were d poin source
on the axis of the piston, the waves impinging on the piston would he sphierical
tathor than plane. The wagnitude of the pressure at te poiiphery of the piston
would be less than at the middle, and the pressure would vary in phase as one
woved from the middle o the peripliery. The average free-field pressure at the
position ef the piston tace cleardy would Le less than the pressuse at the widdle

o axial point of the piston diaplwagm. I -oie plotted this average free-field
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Fig. .13, Relative pressure p at distance ¥ on the axis of a circular piston projee-
tor of radius a for sound of wavelength A, Also, the average freefield pressure
over the ara of a circular piston hydrophone of radius o, from 3 point projector
at distance x on the hydiophone axis.

pressure as a function of the point projector’s position va the axis, the
shape of the cutve would be identical to that in Fig. 3.13. The proximity
criterion for the piston hydrophone case would be the same 23 for the piston
projector case.

The proximity criterion for a circular piston in a rigid batile is found by
analyzing the expression for the axial prossure: -

p o= pusin Mk e -x)l, - @Ga)

“wheie p is the water demity, ¢ is the speed of sound, u s the piston volugity,

k= 2r/\ is the wave nuinber, A s the wavelengih, x is the axial distance. andais
the piston radws,
In the far field, Eq. (3.1) reduces o

| pe mu(ia) - | (3.2)

Mquseum* ally, e proximity ciiterion elates 1o the question of what
approximations ate necerary 1 reduce Bq. (3.1) 1o Bq. 3.2). These appwxi-
wmations ate louadm‘ouom. :
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The term (x2 + a%)" is developed by the binomial expansion into the
irfinite series

a? a4

—z—x-'— §x—3 + ..., (3.3)

(x?2+a2)% =x +

and only the first two terms of the series are used. That is, the approximation

2
(x2+a¥)t ~x + -;—x- (3.4)
is valid if
a? ad a
b2 >> 'gi-s or ; X2 (3.5)

Substituting Eq. (3.4) into (3.1) produces

= i Eg“ = i lggf-
] 2acusm|4x| 2peu sin el - ()
" As the second approximation, we use the common expression sin 0 = 0 for
small angles, or
| ra?| _ ma®
nlavE = @7
if
AP PR 68
AR Y
Substituting Eq. (3.7) nto (3.6) yields
ps W(E:;)- N ¢ 1 7

Equation (3.9) is the far-fisld expression whete p is inversely proportional ta x.
 The approximation eriors of Eqgs. (3.9) and (3.7) are shown in Fig. 3.04. This
Migure shows how the eriteria depend on the arbitsary clioice of acceptable
accuracy. In general, the mintmum value of x at high fréquencies is set by the
acceptable evar in Fig. 3.09b. Thds minimum distance x beconies smaller as the
frequency docreases until at low frequencies it reaches a constant value sot by the
scceptable evror in Fig. 3.0d2. This i dlusteated in Fig. 3.15 for the case
@ = 10-cin whete each stralght lne cotresponds 1o oue of the several criteria

x P Y-y S~y S T ——
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indicated. Atand near the points where the lincs intersect, the maximum error is
the sum of the 1two errors.
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o Fig. 3.14a, Eror in using only the fizst two terms in the binomial expansion of (x2 + a2y,
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Fig. i.ldb.r Ezzor i the approximation that the sing of an angle equals the angle.

e . ‘The standaid criteria® for uniform eicular pistons are’
) wa? ' : . : ,
oieiry - G
and
xva, G
v but vthcs criteria shown in Figs. 3,34 and 3.15 ate used froguently.
3 :
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Fig. 3.15. Minimum distance x between a circular piston of radius g and a point
transducer according to the proximity criterion shown on each line.

There are two proximity criteria because waves are characterized by two
parameters—phase and amplitude. The criteria in Eqs. (3.5) and (3.11) and the
error curve in Fig, 3.14a are independent of wavelength and relate to amplitude
requirements. The criteria in Eqs. (3.8) and (3.10) and the ertor curve in Fig,
3.14b relate to the phase requirements,

Criteria for transducers uther than uniform circular pistons are developed in a
similar way. However, where the shape is not a simple circle, square, line,
and so forth, calculations may become impossible. Fortunately, experi-
ence shows that loose approximations can be mado about the shape of
transducers.

For squar pistons, the criterion is x 2 w?/\, where w is the widtl of one side
of the squaic. The criterion for a square and Eq. (3.10) for a circle can be core-
bined into .

x» “—’}\‘ﬂ ' (3.12)
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and used for any uniform piston shape (hexagon, octagon, and so forth) that
approximates a circle or square.

Nonuniform pistons almost always are of the type having a shaded or tapered
velocity amplitude that is maximum at the center and gradually reduces to zero
at the periphery. The effective diameters or widths can be taken between the |
points having 0.5 normalized amplitudes—that is, between the half-shaded points.
If the shading design is unknown, the safe siep is to assume that there is no
shading.

The criteria for lines or thin cylinders are

L?
x 2 X (3.13)
and
x2L, (3.14)

where L is the line length. Both Eqs. (3.13) and (3.14) are very conservative, but
they are useful in that they combine easily with piston criteria to provide two
simple and general rules. From Egs. (3.10), (3.11), (3.12), (3.13), and (3.14),
one can derive the general rules for respense measurements with pistons and
lines:

o (maximumkdimension)" ’

(3.15)
X # maximum dimension. (3.16)

- Figure 3.16 is a chart in which Eqgs, (3.15) and (3.16) are used for the general
cases of transducers that have various maximum dimensions. These are conserva-
tive criteria that allow errors of 0.5 dB or less.
" When distances that are too short to meet proximity criteria must be used, the
corrections shown in Figs. 3.17 and 3.18 can bo used.$ ,
“The goneral criteria given in Eqs. (3.15) and (3.16) apply only to such cases as
the piston and thin cylinder or linz where the diaphragm or active area of the
transducer lies approximately in a plane nonmal to the acoustic axis. The criteria
assuze that both the amplitude and phase of a sound wave impinging on the plane
from a distance x are uniform and thoreby simulate a plane wave, For trans.
Gueors in which the diaphragm is not planar (a thick cylinder, for example) und
for directivity patiern measurements wheve the diaphragm doss not remain in
one plane, additional limitations are necossary. Proximity criteria for such cases
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Fig. 3.16, Minimum distance x hetween a transducer of maximum dimension D and
a point hydrophone, according to the criterion ¥ 2 D2/A and lower limits as shown.
Speed of sound Is taken 13 1500 m/sec,

are not very amenable to calculation, but they can be analyzed by considering
the diagram in Fig. 3.19. Assume that the circle shown either is a cross-section
of a thick cylinder or represents the volume swept out by the rotation of a plane
transducer. The spherical-wave segments impinging on the transducer position
then must simulate plane waves over the entire volume occupicd by the trans
ducer. The spherical wave segments become more plane as the radius of curva-
ture incteases. Furiher, the phase of the pressure (but not the particle velogity)
in a spherical wave is independent of the curvature. Consequently, if the phase
proximity criterion of Eq. (3.15) is satisfied for the near edgs of the transducer
(xy # D?/)), then the criterion of the far edge (x; & D3/A) should be satisfied
also.

With a similar argument, if Eq. (3.16) is satisfied by x; & D, then the criterion
x3 # D is satisfiod automatically. However, Eq. (3.16) assures amplitude uni-
formity only in 4 latoral divection. Hors we also need amplitude uniformity in a
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Fig. 3.17. Spherical-wave correction for circular piston, Correction to be added to meas-
uzed response, (From reference $.)
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Fig. 3.18. Spherical-wave correction for a uniform line, Correction to be added to
measured response, (From refetence S.)
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Fig. 3.19. Approximation of plane progressive waves (dashed lines) by seginents of
spherical waves over a volume of diameter D.

longitudinal direction. To assupe s minimum variation of 1 dB between the near
and far edge of the transduce:, we must have

x » 10D, (3.17)

The 1-dB variation does not necessarily correspond to a 1-dB error. The high
pressure in the front and the low pressure in the rear usually will average out to
the pressure in the middle, and the ervor will be considerably less than 1 dB.

Equation (3.17) is a more z'tingent requitement than x » D2/A, unless
D » 10\ Since very few transducers have dimensions of 10 wavelengths or
more, Eq. (3.17) becomes the key criterion in designing calibration facilities, It
is also the basis for the conclusion that pattern measurements require more space
than response measurements do.

If one is measuring the end-fire response of a uniform line, Eq. (3.17) would
be used without qualification. ln many practical cases, however, a lesser distance
x can be used for one of threo reasons.
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First, in many pattern measurements, the interest is focused on the pattern
near the acoustic axis—say in the 60° sector centered on the axis. If a piston
transducer is rotated only through the angle from —30° to +30°, or if the
accuracy and proximity criteria are applied only within this angle, then the dis-
tance to the near and far edge, or to x{ and x5 in Fig. 3.19, differ by not more
than D/2. (See Fig. 3.59.) Then the criterion would be half that in Eq.
(3.17).

A second practical case pertains specifically to the common circular piston
transducer. Imagine in Fig. 3.19 that the circle represents a circular piston at
90° or 270° orientation. The piston area near the source at approximately the
distance x is smaller than the area at approximately the distance x,. Similarly,
the area at distance x5 is less than at x,. The piston functions as a tapered or
shaded line—more sensitive at the center, with the sensitivity gradually diminish-
ing toward the two ends. Consequently, errors in pressure magnitude at the ends,
or at the near and far edges of the circular piston face will have less effect than
if the transducer had uniform sensitivity (as would be true with a uniform line
or square piston),

For these first two reasons, the criterion of Eq. (3.17) can be modified
to

x 2 SD. (3.18)

The third reason pertains to transducers that are thick cylinders and others
that have part of the diaphragm facing in the 180° direction, This part of the
diaphragm is in an acoustic shadow, Regardless of what the free-field pressure
is in the shadow zone, the applied pressure is low, and contributes little to the
sensitivity, Consequently, the effective thickness of the transducer is less
than the real thickness, and a less stringent criterion like Eq. (3.18) is
permitted.

Equations (3.17) and (3.18) are used to define low limits in Fig. 3.16 that
apply to nonplanar transducers or pattern measurements,

Having established that x & 5D, it makes little difference which of x,, x5, or
xy in Fig. 3.19 is used as the transducer separation distance. However, it already
has been specified that the ¢ -oustic center should be used. Thus x; would be the
normal selection, and woull tend to minimize errors to the greatest oxtent by
averaging.

Proximity criteria for the case in which both transdugers are of some finite
size have been determined by Sabin for (1) two circular pistons of different di-
ameters,8 and (2) two parallel lines of the same length.9 Figure 3.20 Is a graph
from Sabin showing proximity errors for the two-piston case. The curve A -» o0
corresponds to the curve in Fig. 3.14b. Figure 3.21 is a plot of pressure versus
distance for the two-ine case. From Fig. 3.21, it can be seen that the uitetion for
errors of 1 dB is L2/, and for negligible ervor, 2L3/A.
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Fig. 3.20. The proximity error for two circular pistons; A is the wavelength of sound in
the medium, e, Is the radius of the circular piston source, a4 is the radius of the circular
piston receiver, A = a;/as, x is the separation distance between piston and roceiver, Ap is
the proximity error in decibels to be added to the measured response, (From reference 8.)
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YamadalO has investigated the case of two rectangular transducers and gives
a spherical wave approximation criterion:

L > ki +72)[(%M6/)2+(%L)21 , (3.19)

where k is the wave number, W is the projector width, L is the projector length,
and v is the ratio of hydrophone width to projector width. It is assumed that the
two rectangles have the same shape. For the case of a square projector (W=L),
and a point hydrophone (y = 0), Eq. (3.19) reduces to

1 W2
x> . (3.20)

or about half of the criterion in Eq. (3.15). For the case¢ of two identical squares
(v=1), Eq. (3.19) reduces to

: @21y

>3

T
x>3

Yamada's criteria are rather liberal as illustrated by one of his curves in
Fig. 3.22. The ratio of the two curves for x given by Eq. (3.19) is about 1.4, or
the error is 3 dB, and corresponds approximately to a point in Fig. 3.20 for
A =1 and ma?/Ax = 1.0, It would be necessary to use about twice the distance
given by Eq. (3.19) to keep errors less than 1 dB, in which case Eqgs. (3.20) and
(3.15) essentially agree.

20—
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Fig. 3.22, Relative average free-field pressuse at the position of a square
hydrophone from an identical square projevtor at distance x cim away.
The wave number is 1 em=), The side of the square is § ea. (From
reference 10.) :
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3.5 Basic Measurements and Instrumentation

The basic parameters measured in a typical electroacoustic measurement are
(1) the projector input current i or voltage e, (2) the hydrophone open-circuit
output voltage e, (3) the distance separating the projector and hydrophone,
and (4) the frequency. These basic measurements can be made with instrumen-
tation shown in Fig. 3.23 and an ordinary meter stick. In practice, however, the
instrumentation, aside from the meter stick, seldom is that simple. A power
amplifier in the transmitting system usually is necessary to increase the projec-
tor’s acoustic output to a useable level. Similarly, a voltage amplifier may be
necessary in the receiving system. Electrical filters are used in the receiving sys-
tem to obtain maximum signal-to-noise ratios. The projector current i is
measured as the voltage e; across a series impedance so that all the electrical
measurements are of voltage. Then the same voltmeter is used for all the elec-
trical measurements, and errors in voltage ratios are minimized. It can be seen
from Eqgs. (2.1), (2.3), (2.6), and (2.19) that most calibration formulas contain
voltage ratios or voltage/current quotients. The signal generator usually is a'wide-
range oscillator or a frequency synthesizer. Where an oscillator is used, a fre-
quency standard or counter may he needed to monitor the generator signal, de-
pending on the quality (and cost) of the oscillator. A typical calibration system
with these additional features, but still with discrete point-by-point frequency
changes, is shown in Fig, 3.24.

Still more elaborate systems for continuous sweeping through the frequency
range, analog recording, and using pulse techniques are shown in Sections 3.7
and 3.8,

{AMMETER]

CALIBRATED .
SIGNAL VOLTMETER VOLTMETER] (HIGN INPUT
GENERAYOR C: E:: IMPEDANCE)

))) b

MEASUNED __!
N o - Bsvance. =1 _
TRANSMITYIND RECEIVING
SYSTEM SYSTEM

Fig. 3.23. Hasie instrumentation for eloctsoacousitic measurements,
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Fig. 3.24. Calibration instrumentation for point-by-point electroacoustic measurements,

The signul levels in calibration measurements usually are Jow. The range
in typical basic measurements, based on hydrophone sensitivities of —90
to -110 dB re 1 V/ubar and projector responses to 40 to 80 dB re 1 ubar/A,
is

nressure level; 401070 dBre 1 ubar
hydrophone voltage level: -70to~40dBre1V
projector current level: -20toc0dBrel A

projector voitage level: Oto60dBrel Vv

Voltage and current levels for impedance measurements with electrical bridges
are oven lower than these. If a transducer is linear, it makes no difference what
the signal level is, so long as it is large enough to be well abcve the ambient
acoustical and electrical noise levels and small saough to avoid overloading the
equipment,

If tha transducer is nonlmear, or if the transducer is exposed to signat Jevels
above its linear range, then the defined meanings of sensitivity, response, im-
pedance, and so forth, is lost, The special problems of high-signal neasurements
is discussed in Section 3.9.

The electrical measurements required by the calibration formulas (Eqgs. (2.1),

2.3),(2.6),(2.19),01¢.) should be made gt not loss than two separation distances.
With the rolling carriage arrangement shown in Fig. 3.8, this distance change is
easy to make and it provides a check or cross<check of several kinds, The two
distances are chosen so that the distance loss of the signal Is some convenient
number of decibels. For example, if the distance is chapged from 30 to 40 ¢,
the distance loss is 20 log (4/3) or 3.5 dB. Similarly, 20 log (5/4) = 2 dB, and
20 log (2/1) = 6 dB, 1f the distance loss measurement and theory agree, then all
of the following mieasurement conditions ave satisfivd:
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1. There is no proximity error.

2. The acoustic centers are properly chosen.

3. The system and the medium are stable.

4. The receiving system is linear. i

5. The transducers are properly rigged.

6. There is no boundary interference or electrical crosstalk.
In the absence of the correct distance loss, one or more of these conditions
probably are not satisfied. The distance loss test might fail at a single frequency
because two errors of different kinds might cancel each other. The probability of
error cancellation at several frequencies or over a frequency range is negligible.

3.6 Voltage Coupling Loss

When a hydrophone containing a preamplifier or o:her kind of assaciated net-
work is calibrated, a choice must be made as to where the hydrophone output
terminal points are. That is, where are the terminals across which the open-
circuit voltage is to be measured? If the terminal points are selected at the end
of the cable, then the preamplifier and the cable become an integral part of the
hydrophone and affect the liydrophone sensitivity. If the terminal points are
selected as close as possible to the gererator (the electrodes of a high-impedance
piezoelectnic element, for example), then a measurement of the hydrophone
voltage coupling loss becomes necessary.

Hydrophone voltage coupling loss is defined as the ratio of the open-circuit
voltage of the hydrophone generator (usually a piezoelectric element) to the
open-circuit voltage at the output of the preamplifier and cable or other type of
associated network. Note that with this definition a true loss is a number greater
than one or is a positive number of decibels.

The coupling loss and its measurement is straightforward in theory. In prac-
tice, however, the theoretically assumed conditions and the measuiement are
subject to several types of subtle errors that make the measurement difficult and,
in some circumstances, impossible. Although we are concerned primarily with a
hydrophone th«t contains a preamplifier, the theory and practice here applies
equally well to any passive hydrophone and the first amplifier in the voltage-
moasuring system.

The coupling loss is the sum of two effects. One is the gain or loss of the pre-
amplifier itself. The other is the voltage loss due to the fuct that the preamplifier
does not have an infinite input impedance and consequently the voltage across
the preamplifier input is not a true open-circuit voltage. Figure 3.25 is a sche-
matic diagram of a hydrophone with a preamplifier. The piezoelectric generator
is represented according to Thevenin's Theorem by the generator open-circuit
Cac In series with the gonorator impedance Z,. The amplifier input impedance is
Z,. Theamplifier input voltage e, will always be measurably less than e,,, unioss
2y >>2y. Since Z, often is many megohms, the assumption 2, >> Z, generally
is not valid, and the voltage o, Is attenuated before it is applied to the preamplifier.
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Fig. 3.25. Hydrophone circuit as represented by a Thevenin genexator and a pre-
amplifier, Strav impedances are shown in dashed lines,

The coupling loss is, by definition, the ratio e,e/eq. The'loss is measured by
inserting a calibration signal in series with both the piczoelectric genesator and
the preamplifier input in the manner shown in Fig. 3.25. The calibration resistor
is kept small (typically, 10 ohms) so that it does not measurably attenuate the
voltage e, and so that the calibration input voltage e; is essentially an open-
circuit voliage across the resistor, Then e; can simulate e,.. That is, the
input/output ratios e,./ep and e,/e, are the same. The voltage ¢; is measured
across a second external 10-ohm resistor as ¢;'. This procedure is valid, if the
shunt capacitance of the cable shown by the dashed symbols in Fig, 3.25 has an
impedance much larger than 10 ohms. Alternately, the voltage e,” in Fig. 3.25
can be used if the series inductance and resistance of the cable can be neglected,
If the cable is very long, say more than about 100 feet, neithet ¢/ or ¢, is the
same as ¢;, and the measurement becomes impractical. In such a case, end-of-
cable calibrations are used.

Designers and usors sometimes are tempted to use one conductor to serve as
the low-potential or ground conductor for both the calibration circuit and the
preamplifier output circuit. This is o mistake, since the two circuits then are
coupled by the conunon small but finite impedance of the common conductor.
Signals from the calibrator circuit are induced into th.o preamplifier output cir
cuit, bypassing the preamplifior.

A common source of trouble in coupling measurements is the electrical
grounding conditions. There are no simple rules to avoid such trouble except
that the user should be alert to circuit complications due to stray impedance and
multiple ground points. Crystal electrodes, cable shields, and the transducer
housing all have measurable capacitance to ground or to the water medium. A
single gromnd or zero potential point is difficult to achieve in practice. Frosh
water is a much poorer conductor than salt water, and the electrical grounding
conditions in the two medis cun be quite different. Figure 3,25 illustrates vazious
stray impedances.
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Near resonance frequencies when the motional impedance of the piezoelectric
generator is a significant part of Zg, the acoustic load on the generator during the
coupling loss measurement must be the same as that during the sensitivity
measurement.

Because of these various problems in the measurement of hydrophone voltage
coupling loss and the advent of modern stable transistorized preamplifiers, the
trend has been toward end-of-cable calibrations and elimination of the coupling
loss measurement. Where the circuitry is still available, a coupling loss measure-
ment can be used as a stability check on the circuit, but it is not otherwise used
in a calibration measurement.

3.7 Automatic Systems

Underwater electroacoustic calibration, test, and evaluation measurements on
one transducer usually are made at many frequencies or over wide frequency
ranges. At some activities, measurements are made on large numbers of teans-
ducers. Consequently, various degrees and types of automation are used to
reduce the time and tedium of many point-by-point frequency measurements.
Automatic systems, however complicated they may be, still are only clabora-
tions of the basic instrumentation shown in Figs. 3.23 and 3.24.

Many of the details of an automatic system are matters of individual prefer-
ence, custom, economy, and easy availability of particular instruments or equip-
ments. However, the general features of various systems are much the same, and
the system in Fig. 3.26 illustrates these features. The components shown as
solid-line blocks constitute the basic system used for continuous-wave (c-w)
signals, The dashed-line blocks are major options. Automation of the basic sys-
tem relates to three primary needs: (1) continuous frequency changes, (2) con-
tinuous recording of the hydrophone output signal, and (3) filtering a signal with
a continually changing frequency.

Consider first the system shown in solid lines in Fig. 3.26. The signal &5
generated in a variable oscillator. The oscillutor frequency range usually covers
soveral decades, and often a motor-drive arrangement automatically sweeps
through the entire frequency range. The frequency calibration of wide-range
oscillators usually is not precise: consequently, a frequency counter or other type
of frequency meter is used to monitor and measure the output of the oscillator,

The next stage is a voltage amplifier to control the signal level of the oscillator
and provide the sufficient and proper voltage input level to suceeeding stages.

The power amplifier provides the electrical, and ulthmately acoustical, power
needed to obtain a measurable signal level at the hydroplione.

Networks, often consisting of multitap transfonmers, are used to match the
output impedance of the power amplifier 1o the projector 10 obtain 1eakitum
power tansfer.  Sometimes, however, projecter current or voltage control s
more {rporcant than maximum power.  Then, deliberate lsmatching can be
used. The entite transsitting system that feeds the projector, for exaple, can
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be made to function approximately as a low-impedance constant-voltage gener:
tor, or as a high-impedance constant-current generator. Other types of network
are used to obtain, fcr example, currents or voltages that change with frequency
at some fixed rate.

Impedance matching or mismatching is used between all stages of the system
to obtain optimum performance. When two stages are not properly matched,
intermediate transformers or networks may be used to achieve or improve
matching. Attenuators are used to minimize impedance variations as well as to
attenuate signal levels. Impedance conditions are especially important at the
input and output of an amplifier, if the amplifier gain calibration is to be used.

The projector input current or voliage musi be measured for some types of
calibrations, and should, in any case, be monitored to insure stability of the
measurement conditions. Both the voltage e and current i measurement circuits
are designed to have negligible effect on the amplifier-to-projector circuit. The e
* measurement circuit is, typically, a high-impedance circuit connected in paralle]
-with the projector; the i measurement circuit is, typically, a low-impedance cir-
cuii in series with the projector. In either case, the e or i measure signal is fed to
the same receiving an% recording system as the hydrophone output voltage, where
it is subject to the sante mix.ng, filtering, and recording. The calibration formulas
in Section 3.15 all show tlat it is the ratio (or difference in decibels) of, for
example, the hydrophbne voltage measure to the projector current measure that
is needed. Consequently, if both the e or i measure signal and the hydrophone
signal are amplified, attenuated, mixed, filtered, recorded, and so forth, in the
same way, the ratio is unaffected. The e or i measure circuit itself must be cali-
brated, but the over-all system needs no calibration. It must, of course, be linear
and stable, and for these reasons, electrical calibration-type measurements are
used to test the system. But these are really monitor measurements rather than
calibration measurements,

The e measure is straightforward; a typical circuit is shown in Fig, 3.27a. The
{ measure is more difficult. Being in series with the projector, it must carry the
same current, which in some cases may be quite high. Electrical grounding
conditions become complicated if the projector is electrically unhalanced.
Figure 3.27b shows an old but typical arrangement using a small series resistor,
Figure 3.27c¢ shows a better circuit wherein one ¢onductor of the projector
cable is used as a single-turn primary winding of a transformer. The secundary
winding is a toroid coil that surrounds the conductor. This ¢ircuit is similir to
commercial “clamp-on” ammeters,

The ¢ and / measure circuit calibration is essentially a determination of ¢,/e
and e;/fi in Fig. 3.27. 1f a standmd resistance R is substituted for the projector,
the quaatity ¢;/i becomes ¢;R/e, and the current calibration besomes a measure-
ment of two voltages by the same voltage-measuring system.

In hydrophone calibration measurements, the hydrophone output voltage must
be measured across an effectively open circuit. Consequently, the first stage in the
receiving system is a high-input-impedance amplifior such as a cathode-follower,
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Fig, 3.27, Typical cirouits for magsuring (a) the projector voltage and, (b) and (c),
current,

The function of this first amplifier is really impedance matching rather

then amplification; consaguently, it is followed by a calibrated voltage amplifier,
The next two stages are a hetezodyne mixer and a band-pass filter that together

constitute a tracking filter. The heterodyne mixer changes the variable frequency to

a fixed frequency fo. The passband of the fHiter thon is fixed and centered on fy. -
The heterodyne principle consists essentially of mixing two frequencies so

thot.sum and difference frequencios are produced, filtering out either the sum or

difference frequency, and using the other. The combinstion of the varigbie

~oseillator in the transmittng system and hoterodyne mixer in the recoiving sys-

tems acwually is 2 combination of two oscillators and two nuxers in either of two
sriangenents shown in Fig. 3.28, The beat-frequency oscillator in Fig, 3.28a
has the advantage of 3 wider frequency range, but is more expenswo and less
madi!y available than the sxmple oscillator in Pig, 5.28b. -
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(0 to fiax) to a fixed frequency (o). change

The band-pass filter rejects extraneous signal frequencies and improves the
signal-to-noise ratio. It may be adjustable, having, for example, bandwidths of
20, 200, and 2000 Hz.

The recorders are logarithmic so that the signal amplitude is recorded in
decibels. The data for frequency seusitivity or response is recorded on an x-y,
strip, or lincar recorder. Directivity pattern data are recorded in polar or lineas
form. The polar recorder turntable is connected to ond synchronized with the
mechanical rotator that rotates the transducer by a servo systum,

It is convenient in many measurements to have the projector input current or
vojtage constant to an extent unattainable by passive impedance-matching tech-
niques. In such cases, normalizing circuits are used as shown by the dashed-line
box in Fig, 3.26. This is a circuit that feeu., back a correction signal to one of the
amplifier stages.

Many automatic systems operate with pulsed signals rather than the
continuous-wave signals. The technique i discussed in detail in Section 3.8,
The pulsing equipment consists of the three components shown in the dached-
line boxes in Fig. 3.26. The pulse gencrator feeds the pulses to both the transmit
and receive gate circuits. The gate circuits essentially open and close the path or
gate through which the oscillator signals must pass. The pulse generator also
provides a means for delaying the signal fed to the receive gate 10 compensate for
the time it takes a pulse to travel the water path at its rolatively slow speed, The
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delay adjustment also permits passage or gating of selected portions of a pulse
passing through the receive system. When not being used, the pulsing compo-
nents of the system are bypassed.

The calibration data from a system as skown in Fig. 3.26 consists of two to
fourlineson a strip chart. Each line represents some voltage or current as a func-
tion of frequency. In addition to the measured data, constants or such quasi-
constants as the reciprocity parameter, standard hydrophone calibration, test
distance correction, and so forth must be added to obtain a hydrophone sensi-
tivity or projector response (see Section 3.15). The data reduction may in fact
be more time-consuming than the measurements. Various techniques have been
used to expedite data reduction. If the projector current or voltage can be kept
constant, the current or voltage can be treated as a constant instead of a measure-
ment variable. Constants can be added to or sudbtracted from the signal voltages
automatically by inserting special circuits into the receiving system. Curve-
following techniques or voltage addition or difference circuits can be used to
simplify the data reduction. When only one projector and one hydrophone are
involved in a measurement, a completely automatic system is possible~one that
produces calibration data instantaneously or in real time. All the necessary volt-
ages and currents can be measured sequentially at a signal frequency and the
data reduced quickly by digital computer techniques. This process is repeated at
each frequency. Because of the high speed of digital computers, the frequency
sweep rate need not be slower than for other methods. When a third transducer
is necessary, real time computation is not very feasible because two or more
acoustic signals are presont and will interfere with each other. Also, the concept
of direct substitution in comparison calibrations must be compromised. How-
ever, very rapid data reduction can be obtained by storing calibration data, 1ot
on a strip chari, but in the memory of a digital computer. This can provide a
complete colibration in a few minutes. Such a quasi-real-time system is under
development at the Underwater Sound Reference Division of the Naval Researvh
Laboratory at this -#riting.

One obstacle to complete automation of calibration systems has besn the fact
that acoustic or elcetrical interference often is present and that the systom, the
transducers, or the medium are not stable, Varistions or anomalies wan be
recognized in the data in o strip chart, and corrected. This is not true when the
data are stored in a computer memory. Consequently, errors due to interferenen
or instability wust either be eliminated or be identified through some supple
mentary procedure such as redundancy of calibrations.

3.8 Pulsed Sound

Pulsed sound is a common techniquel ! used since World War 11 for eliminating
the effocts of interference crigingting from boundaries, standing waves, and eloe.
trical crosstalk. The prajector is driven with a pulse or short burst of an Otherwise
continuous and single-frequency signal. The length of each pulse then is only »
saioll number of cycl»s. The hydrophone and receiving systoin are controlled so
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that an acoustic signal will be sensed and measured only during the short period
of time when the direct projector-to-hydrophone signal pulse impinges on the
hydrophone. Pulses arriving prior to this time (like ciosstalk or purely electre-
magnetic signals) and pulses arriving after this time (like reflections from
boundaries) are rejected by the receiving system. This process is called “gating,”

Imagine, for example, the arrangement in Fig. 3.29. If the hydrophone out-
put were connected to an oscilloscope, one would see the signal-versus-time
picture shown in Fig. 3.30. The sharp clear pulses, with rectangular envelope,
shown in Fig. 3.30 seldom are obtained in practice. The pulse shape usually is
distorted by the filter characteristics of the electronic equipment and the trans-
ducers, and by the nonspecular reflection characteristics of the various reflecting

boundaries.
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Fig. 3.30. Oscillogram showing sequence of pulses at hydrophone position in Fig. 3.29.

The pulse length or duration must be long enough for a steady-state condition
to be reached, That is, it takes a finite period of time for the pulse to reach its
steady-state amplitude or the amplitude with which the system would oscillate if
it were driven continuously. A typical pulse is shown in Fig. 3.31. The practical
criterion for this transient period is that it consist of Q cycles, where Q has the
usual meaning of the ratic of the reactive to the resistiva impedance in the whole
system being pulsed. Any oscillating electromechanical system has a certain
amount of energy stored in it in the form of electrical charge, magnetic fields,
mechanical inertia, and elastic deformation; the reactive impedance is a measure
of this stored energy. Starting from rest, it takes approximately @ cycles for the
generator to feed the reactive or stored energy into the system, so that thereafter
all the input cnergy flows through or is dissipated within the system. Theo-
retically, the signal rise is exponential and a system only approaches absolute
steady-state asymptotically; however, it is within 95.5% of steady-state amplitude
after Q cycles and within 99% after 1.5Q cycles, (See Fig, 3.57.) The former is
taken as a convenient and sufficiently accurate criterion of equivalent steady
state,

A further requirement of the pulse length is that all parts of a large hydro-
phone reach steady state before the pulse terminates, Or, for the case of a large
projector, the signal at the hydrophone position from all parts of the projector
must reach steady state. In a typical caso of a piston projector, a point hydro-
phone, and a response measurement, this requirement does not add to the pulse
length, if the separation distance mests the proximity criterion of Eq. (3.12). For
a directivity pattern moeasurement or a response measurement at 90° or 270°,
however, the diameter of the piston must be added to the physical length cor-
responding to @ cycles (sce Fig. 3.59).

Aftor a pulse signal is shut off, the system will continue o oscillate or ring at
its natural or resonance frequency. This ringing will decay exponentially at the
same rate as the initial signal increased, The duration of the initial transient will
be the same as that of the decay transient, if steady state is reached between
transients, and if the {2 of the system is not changed by the gating process.

The pulses are repeated 2t regular intervals, The pulse repetition rate must be
low anough so that all reflections or reverberation dissipate betwaen pulses. On
the other hand, tie pulse repetition rate must be high enough so that the meter
or recorder operates without jitter. The time constant of the recording system
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Fig. 3.31, Pulse in a systom with @ = 4.

usually is small enough to hold steady at pulse repetition rates higher than 10 pps.
These conflicting requirements on the pulse repetition rate give rise to the
combination of pulsed sound and anechoic tank linings. Without some kind of
acoustic absorber at the boundaries to accelerate the dissipation of acousti¢
energy, very low pulse cepetition rates would have to be used in small tanks.

Pulses are formed by inserting a modulator or transmit gate circuit into the
transmitting system as shown in Fig. 3.26. Similarly, the pulse recciver gate cir-
cuit is inserted into the receiving system as shown in the same figure. The
receive gate is narrower, or of shorter time duration than the transmit gate, so
that only the steady-state part of the receive pulse is detected and measured.

The pulsing technique has no high-frequency limit. Generally, the higher the
frequency, the easier the technique becomes. At low frequencies, however, there
is a definite limit. The minimum number of cycles in one pulse depends on the
sophistication of the equipment and technique used. For purposes of illustra-
tion, however, suppose that one cycle is a typical minimum, The pulse length at
1 kHz would be 1 msec or 1.5 m long in water. Then, if the difference between
the direct projector-tohydrophone path and a boundary-reflection path were
less than 1.5 m, the two pulses would overlap and interfere with each other at
the hydrophone position. It is evident that for a given minimum pulse length
and a given geometry of transducer separation and boundary distances, there is a
low-frequency limit to the pulsing technique. In typical situations, this Mmit
vaties from 500 to 5000 Hz.
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- Almost all of the problems with a pulsing technique arise from the fact that,
n when examined in the frequency domain, pulsed signals contain a spectrum of
o frequencies rather than the single fundamental or carrier frequency, and that the
transducers and some electronic componentsof the measuring system do not have
; uniform frequency characteristics or high fidelity. The spectral content of
pulses is covered in detail in other references!2-14 and only the fundamentals of
the spectrum analysis will be discussed here. The pulse spectrum depends on

n (1) the fundamental carrier, or test frequency, (2) the pulse shape, (3) the pulse
R length, (4) the pulse repetition rate, and (5) the initial and final phase of the pulse.
The pulse transmit gate circuit shown in Fig. 3.26 modulates the amplitude of

- the fundamental frequency with some kind of modulation signal. When the
LN modulation signal is a rectangular wave, the process results in a pulsed signal that
A appears graphically as in Fig. 3.32. Mathematically, the modulation results in
three separate signal frequencies, if the modulation signal is a sinusoid. If fq is

" the fundamental frequency and f| is the modulation frequency, the modulated
signal consists of (1) the fundamental fy, (2) an upper sideband fp + f;, and (3) a
lower sideband fy — f;. If the modulation signal itself consists of a spectrum
fi + f2 +f3 +.. ., then the modulated signal will consist of a whole spectrum of
o upper sidebands fy + fy, fo + fa2. fo + f3, etc., and a whole spectrum of lower
, sidebands fo = f1, fo = fa. Jo — f3, ote.
. CONTINUOUS WAVE
g to)
' OOULATION WAVE N I
’., 4|‘ T
to)
" MODULATED WAVE
(3 -‘v
(e}
' fig. 3.32. Rectangular pultes oblained by amplitude modulating a continuous

wave with a rectangular wave; 7 i3 the pulse tength or duration and 7' i3 the
pulse repetition poriod,
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Pulses having sawtooth, triangular, round, cosine-squared, and other shapes
. sometimes are used in various applications. In ordinary underwater electro-
i acoustic measurements, a modulation signal consisting of periodic square or
L rectangular waves as shown in Fig. 3.32b is used. Fourier’s Theorem says that
any perjodic function is equivalent to the sum of simple harmonic functions
- whose frequencies are integral multiples of the repetition rate of the given func-
tion. That is, if T"is the period of the function and ¢ is time,

fit) =:4¢ + Ay coswt + Ay cos2wt + Azcos3wt + + o

B, sin wt + By sin 2wt + By sin 3wt + -0+ (3.22)

where w = 2n/T and the A,, and B,, are constants including, in many cases, zero.
Physically, this means that a rectangular wave has a spectium of harmonically
related sinusoidal waves. This spectrum constitutes the sideband frequencies in a
rectangular pulse signal.

The modulated signal shown in Fig. 3.32c is typical of the electrical sigrz) at
the output of the transmit gate circuit of Fig. 3.26 before it is distorted by the
Q or narrow-bandwidth characteristics of the transducer. The spectrum of such a
signal will be that in Fig. 3.33. The envelope of amplitude of the spectral lines is
set by the pulse length 7 (in addition to the pulse shape). A long pulse or large r
results in a narrow spectrum centered on fo. An infinite 7 would be equivalent
to continuous waves, and, in the limit, the cnvelope curve would collapse to a
single line at fg. Similarly, the condition 7= T would be a continuous wave be-
cause all the sideband spectral lines would fall at the zero-crossing points or all
the 4, and B, in Eq. (3.22) except 4, and B, would be zero; only f, would
remain. Short pulses or small  result in a spreading out of the spectrum. Low
repetition rates or large values of T produce many closely spaced spectral lines,
The spectrum between fo — 1/r and fo + 1/7 is called the essential bandwidth
(EBW). A rectangular pulse passed through a bandpass filter will be distorted to
only a small extent, if the filter bandwidth is 2/r. Pulse lengths of 0.1, 1, and 10
msee result in EBW's of 20,000, 2000, and 200 Hg, respectively. Narrowband
fiiters and short pulse lengths clearly are incompatible.

The spectrum shown in Fig. 3.33 is symmetrical about the carrier frequency
Jo. This is only an approximation. The low-sideband part of the spectrum ex-
tends beyond zero frequency. That is fy = f,, cventually becomes a negative
number as # and f,, become large. One can visualize the negative frequency part
of the spectrum as being folded back on to and added to the positive frequencies,

;'; thereby causing asymmetry, This asymmetry is accentuated when the pulse con:
R tains an integral number of eyctes. Then, if the pulse starts and ends at instantan.
_ eous zero, the amplitudes of the low-sideband frequencies are higher than the

amplitudes of the corresponding high-sideband frequencies, If the pulse starts
and ends at an instantuncous peak valug, the reverse is true.
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Fig. 3.33. Spectrum of a pulsed signal. The carrier frequency is fg. The
modulation envelope or pulse shape is rectangule=, The pulse length is
t seconds. The pulse repetition period is 7, or pulse repstition rate is 1/T
pulses per second.

Pulses are coherent if they all begin at the same phase angle—all at a time of
instantaneous zero and increasing voltage amplitude, for example. Such pulses
provide minimum trouble with transient signals and maximum stability of the
signal phase. It is possible to use only a fraction of a cycle per pulse with pulses
that are coherent and that begin at 2ero-crossing points.

Electroacoustic transducers and acoustic materials as absorbers often are
resonant, and almost always have characteristics that are a function of frequency.
Consequently, when they are part of an electroacoustic system they will affect
the spectrum of a pulsed signal, At a transducer resonance, the @ of the trans-
ducer will introduce transients of the type shown in Fig, 3.31. At off-resonance
frequencies, other effects distort the pulse spectrum and shape. For example,
the transmitting current response of a projecter below the projector resonance
frequency is increasing at the rate 6 dB per octave or more (see Fig. 5.2). This
slope will distort the pulse, That is, the acoustic pressure pulse out of the pro-
jector will differ from the current pulse into the projector as shown in Fig. 3.34,
The amplitude of high-sideband frequencies will be increased; and the amplitude
of the low sideband frequencies will be decreased. Most important, the trequency
of maximum amplitude will be shifted upward. Since most systems measure the
pulse poak, the measurement will be in error. The peak amplitude of the pulse
will be a measure of the transmitting current response at the uppor sideband fre-
quency with the maximum amplitude rather than at the furdamental frequency.

A similar type of error is present when the insertion loss or echo reduction of
some acoustic materlals is measured neer a resonance frequency. Figure 3.35
shows a reflection coeificient characteristic of a resonant anecholc coating, The
characteristic is similar to that of a notch filter, The reflected pulss is distosted
as shown in Fig. 3.35b. Again the peak reflected signal is o measure of tha side.
band rather than the fundamental fraquency characteristics.




150 FUNDAMENTALS OF FREE-FIELD MEASUREMENT PRACTICE
i : r'-\’\
: TRANSDUCER
TRANSDUCER / \ \" oUrPUT
INPUT / \
8 vil
= ,
2 .
a
z
-4
;TJ: 0 L4 fo
£, FREQUENCY _
ot Y
"-:3 Fig. 3.34, Spectrum distortion within the essential bandwidth due to a trans-
ducer response that increases with frequency.
- |‘° -
$
g
o ol
N %
2 o8l-
X b (a)
- :
‘ fo
o : frequency
’ Ingident pine
/TN~
: ' o~
! Raflected /
y $ pulse ? \\ !/
, 8 y
H ' ®
[ ]
R i ° ! t \
e HaEUINCY
Fig. 3.35. Distortion of a pulse spectrum in the EBW of an acoustic ectangutar pulse re»
flacted Grom a xesonant sbsotbes with a reflection soelfickent chazattaristic shown in &)




FUNDAMENTALS OF FREE-FIELD MEASUREMENT PRACTICE 151

Errors caused by the spectrum peak frequency being shifted away from the
fundamental can be minimized by using very narrow receive pulse gates and
centering the receive gate in the middle or steady-state part of the transmitted
pulse as shown in the two pulses at the input and output of the receive gate i1
Fig. 3.36. The sum of the sideband frequencies constitutes a signal that include
the transient part of the pulse—that is, the part at the beginning and end where
the pulse is forming or decaying. Figure 3.37 shows how the sum of the steady-
state or fundamental frequency f, and the sideband frequencies results in
periodic puises. Gating in on the middie of a puise thus discriminates against
sideband frequencies and will correct a peak-frequency shift.

Typical pulses at 5 points in the measuring system are shown in Fig. 3.36.

It would seem from Figs. 3.33 and 3.37 that errors due to the high amplitudes
of sideband frequencies could be eliminated by filtering, That is, after inter-
fering pulses have been rejected by the receive gate, the pulse could be passed
through a filter centered on fy and with a bandwidth narrow enough to reject or
at least attenvate the sideband frequencies. Theoretically, from Fig. 3.37,
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Fig, 336, Typical signal fores at five diffesent points in the measueing sysiem,
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Fig. 3.37. Illustration of how a steady-state or continuous-wave signal (a)
of frequency fo adds to a signal (b) constituting the sum of all thc sideband
frequencies to form (c), a pulse train (a) + (b) = (c).

(c) = (b) = (a), or one could convert from pulsed sound back to a ¢c-w ignal!
Unforturiately, this is only theory. Narrow bandpass filters have high Q's and
otherwise act the same as highly resonant transducers. Some types of filters
indeed are resonant transducers. When the @ is large, the transient period illus-
trated in Fig. 3.31 is much longer than cither £ or T. In such cases, the filter will
not pass a steady-state signal at the frequency fo and of the same amplitude asin
the input pulse, Figure 3.38 illustrates what happens in the filter. The signal
amplitude rises to only a small fraction cf steady state during a time 7 and then
the puise cuts off. The amplitude slowly decays. After T seconds, the second
pulse increases the amplitude, but again only by a small amount befare the pulse
again cuts off. The amplitude again decays at a slightly faster rate than after the
first pulse, This process is repeated until the signal increase during r equals the
signal decay during T - ». A quashsteady-state condition is reached where the
amplitude is only a small fraction of the true steady state.

The ratio /T expressed as a percentage is called the duty cyele, and is a
measure of the percentage of time that the transducer is vibsating, When trans-
ducersare driven at high power levels, the duty cyele becomes important because
‘the power limitations of a transducer are sot by the average power over 8 period
of time large in comparison with a pulse length. For example, a transducer that is
limited to | kW with a ¢-w signal may, unless othetwise limited, transmit ata
104W pulse level with a 10% duty eycle.

.9 M Signal Measurements

Some nrojectors are used rogulanly at signal lcvcls beyond their linear 1ange.
This results in distorted output waves that contalny hatmonic Trequencies and are
mathematically described in Eq. (3.22). The hainonic distortion is ncccplcd a8
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e being secondary in importance to high signal output. Such transducers must be
- evaluated at the particular signal levels that will be used in practice. Linearity of
o the transducer is assumed in conventional and standard definitions of response,
. ' sensitivity, impedance, and 5o forth. For measuraments beyond the linear range,

these conventional terms ate not stristly correct, although they are used. If they
c are used, they should always be qualified by specifying the voltage or current
RO level at which the msusurement is made. The measutement will pertain only to
- the fundamental frequency, but some measute of the wave distostion or har-

. monic content should ke specified also,
n S , Highdevel continuous-wavs signals can be attenuated, ihe harmonie fre
S ' quencies can be filiered out, and thereafter the signals can be measuted with
o ~ various conventional metheds and instruments.  Howzver, high-power nonlinear
e transducers almost always are pulséd at a low duty eycle. As expluined in
4 h  Seetion 3.5, pulsing and narmow bandpass filtering are inecmpatible. One then
T © has the problem of measuring the amplitude of distorted waveforms without
- o bandpass filters, Pusther, when Gie impedance or inpot power iz desired, the
S0 ' - phase angle between the curtent and voltags at the fundaimental frequency must
’ -~ be nwasueed. For impedance or power measurements, all of the usual imessuring
devices such as bridges. phase meters, vector locus indicators, power inetots,
- Zuangle meters, and o Torth, saffer from a deliciency in vne or more of the fol-
e _ lowing chatacterisiics: powerhandling capability, frequency range, impedaice

- ' © vange, harmonic refoction, and abilsiy to operate under pulsed conditions.
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One technique that has been used successfully is illustrated by the simplified
diagram in Fig. 3.39.15 The transducer voltage or current pulse is sanipled by a
step-down current transformer consisting of a toroid coil surrounding a single
conductor. Simultaneously, the signal in a continuous-wave reference circuit is
sampled. The two signals are added and displayed on a cathode-ray oscilloscope.
The reference signal contains only the fundamental frequency. The amplitude
and phase of the reference signal is adjusted until a null condition in the steady-
state part of the pulse is observed on the oscilloscope. As shown in Fig, 3.37
the sideband frequencies add up to zero, or are effectively absent in the steady-
state part of the pulse. Then the reference signal is equal in amplitude and
opposite in phase to the fundamental frequency component of the transducer
signal pulse. The null condition as it would be observed on the oscilloscope is
illustrated in Fig. 3.40. There will be a signal residue in the null because of the har-
monic distortion frequencies in the signal. If the harmonic distortion is small, the
residue is small and does not introduce measureble error in the nulling technique. If
the residue is large, a low-pass filter is used to attenuate the harmonic frequencies.

LARGE RESISTA@CE

i 5
PULSE FOWER /
A
OSCILLATIR oATE AMPLIFIER ﬁ: TRANSDUCER
o I
¢ signal Lorx signal
ADD
CIRCUIT
a CRO
REFERENGE o or |
L-i SIBNAL
v
AMPLIFIER 3
AND PHASE aesanan(;:s) CIRCUIT i:
SMIFTER

Fig. 3.39. Nulling circuit for measurement of voltege, current, and phase when a
_ transducer is driven with high-power pulsed sound.

ADDITION OF REFERENCE AND
REFERENCE SIGNAL TRANSOUCER SIGNALS

Fig. 3.40. Typical CRO display when the pulse and reforonco signals have been balanced
to a null.
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The three transformers should be identical to minimizz errors. In practice,
the current and reference signal transformers can be one and the same.

The reference circuit is « low-signal continuous-wave circuit. The reference
voltage and curient are resdily obtained by conventional calibration methods.
Phase difference between the refersnce current and voltage is controlled and
measured by the phase shifter.

3.10 Interference Identification

Signa! interference is of four general types. First, there is acoustical and elec-
trical noise from nearby equipment, traffic, weather conditions, and so forth.
Such interference is readily recognizable by iis irregular nature.

Second, there is interference from other regular signal sources such as the
60-Hz power hne frequency and its harmonics. Local radio tations may inter-
fere if one is working in the 500 to 1500 kHz frequency range. Different acous-
tical experiments in the same or nearby bodies of water may interfere with each
other. Such interference is identified by the purity and perhaps stability f the
interfering signal frequency.

Third, there is interference from reflections, crosstalk, and standing waves,
which collectively will be referred to ay wave interference. The reflection and
standing-wave interference is similar to such optical phenomena as diffraction,
interference fringes, and the Lioyd’s mirror effect. Crosstalk is an electrical or
electromagnetic signal that unintentiopally is transmitted directly from the
transmitting cquipment to the receiving equipmient, bypassing the acoustic path.
A wave interference signal travels a path different from that of the direct signal
being measured, and for this and other reasons will differ in amplitude and phase,
but it always has the same frequency as the direct signal. The interference is
identified by a regular periodic amplitude change as a function of frequency, as
illustrated in Fig. 3.41. The frequency interval Af can be used to provide a clue
as to the type and source of wave interference.

If two waves from the same source travel paths that differ by the distance
Ax, their phase differonce ot the end of the paths will be kAx or 21fAx/e, where
k, f. and ¢ have the usual definitions of wave number, frequency, and speed. If
Dy is some number of whole wavelengths, the waves interfere constructively or
add. If Ax is some odd number of halfswavelengths, the waves will interfero
destructively or subitract. As the frequency and wavelength changes, the waves
alternately add and subtract, resulting in the oscillating amplitude in Fig, 341,
The frequency interval Af corresponds to a change of 2n vadians in 2nfAx/e, or

ZAIEY w g, (3.23)
or
by = = | (3.24)

af"
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Fig. 3.41. Measured hydrophone output voltage versus frequency, illustrating a typical
oseillating interference pattern rosulting from a surface reflection. Solid line is measured
sum of direct and reflected signals, Dashed line is computed direct signal,

After Ax is found from the measurement of Af and Eq. (3.24), it can be related
to various measurament dimensions like the depth and transducer separation. The
source of the interference is identified thoreby, and steps can be taken to
eliminate it. With crosstalk, the nonacoustic interference path is essentially zere
and Ax is merely the projector-to-hydrophone distance d.  With standing waves
between the projector and hydrophone, Ax = 2d. For boundary reflection inter-
ference, Ax depends on the geometry of the boundary and tmnsducor arrange-
ment. For a surfuce reficction as shown in Fig. 342,
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The curves in Fig. 3.43 are plots of Eq. (3.25), of x = d, and of x = 2d; they are
useful graphical aids for identitying the three common types of wave interference.

If the ordinate scale in Fig. 3.41 weve linoar rather than logarithmic or in
decibels, the oscillating amplitude pattern would be approximately sinusoidal.
The direct signal then is the average of the muaximum asd minjmum amplitudes.
The dashed line in Fig. 3.41 then is found by wking the arithmetic average. The
technique and graphical aids amd charts for dodng this are given in Section 6.3.2
and Figs. 6.3, 64, and 6.5, whows ;metfcwuea ieanugues are described for
measuzing o¢ ho redustion.~ .~ < o
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SURFACE

d
PROJECTOR HYDROPHONE

Fig. 3.42. Diagram for calculating path difforonce &x for the case of a surface
reflection.

The interference in Fig. 3.41 is seen to decrease with frequency. This is
typical of surface reflections where the transducers become more directional as
the frequency increases. Standing waves between two plane transducers require
that the transducers be large enough in wavelengths to be good reflectors, and
that they be aligned with their diaphragms parallel within a dimenstonal error
small in comparison with a wavalength. Consequently, standing waves occur
usually only at intermediate frequencies in the high audio and lew ultrasonic
frequency range. A crosstalk signal generally is indopendent of the acoustic
signal amplitude; therefore, if crosstalk is present, it will be more evident
when the acoustic signal is low. For cxomple, if a resonant transducer is
‘eing measured, crosstalk may be evident sbove and below zesonance but
not at resonanee when the acoustic signal is high and the ratio of cross
talk amplitude to gscoustic amplitude is low. These characteristics of in.
terference aid in making educated guosses as to what kind of interference is
prosent,

In shallow lakes where both the curface and bottom are reflecting boundaries,
interference becommes particularly troublesome and usually Is the limiting factor
in setting the usetul low-froquency Hmit of the facility., Figure 3.44 Hlustrates
the kind of data obtained. The imerforing signal is acutally the sum of many
mltiple refloctions between the surface and bottom.3 There is still a discern-
sblo Af frequency interval, but @ is a large fraction of the frequency. In

Fig. 3.44, A7 is 200 Hz, The amplitude of the inteference i3 not a smooth

sinusoid but a seguonce of sawtooth and sharply peaked waveforns, Obwvie

- ously; it is ditficult o apply the temniquc of Fig. 6.3 to ascertain the dhrect

~ sigal in Fig, 3.44,
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Fig. 3.43. Interference ientification chart, Crosstalk: Af = ¢/d is the frequency
interval in He, ¢ is the speed of sound in water (1.5 x 105 cm/sec), and d is the
separation of the transducess in cm, Standing waves: Af = ¢/2d. Surface rofloc-
tions: Af = ¢/(2(h2 +%d3)% « d) and A is the depth in om.

The fourth type of interference is unique to underwater acoustics-—-resonant
gas bubbles. Gus bubbles as used here means not only a spherical bubble drifting
freely in the water or clinging to a surface, but also tiny amounts of gas trapped
in holes, crevices, slots, serew heads, and so forth. A bubble driven at its reso-
nance frequency oscillates vigorously, reradiating sound and having a measurable
effect over an area some 20,000 tiues as large as the bubble cross section. 16 The
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Fig. 344, Measured hydrophone output voltage where projector and
hydrophont both are at a depth midway between the water-air surface
and bubble-covered bottom. The transducers are separated by a dis-
tance equal to 1/8 of the water depth. The projector transmitting re-
sponse and hydrophone receiving sensitivity both are essentially constant
with frequency.

resonance frequency of a spherical air bubble is proportional to the square root
of the absolute pressure and inversely proportional to the static radius.16 Asa
convenient reference, a bubble near the surface, or at one atmosphere of pres:
sure, and one centimeter in diametor will resonate at 667 Hz.16 From this
reference, the resonance frequency of smaller bubbles at higher pressures can
be calculated using the proportions just stated. Bubbles usually are small in
comparison with a wavelength and therefore the shape is not critical. The reso-
nance frequency of other shapes can be sssumed to be approximately the same
as for a spherical bubble of the same volume.

Snall gas bubbles can be quite tenacious and stable. Thus it becomes impor-
tant to examine thoroughly and test an anomaly in recorded data as illustrated
in Fig. 345 to ascertain whether'it is'a valid characteristic of the transducer or a
perturbation due to ¢ bubble in the medium. Since the resonance frequency of a
bubble depends on the static pressure, a change in depth will shift the frequency.
Such a test might still be inconclusive, however, inasmuch as a transducer may
. have bubbles on the inside~particularly in a fluid that acoustically couples

crystals to the water. A goneral understanding of how bubbles interfere with
acoustic measurements is helpful,

Consider a bubble whose radius is small in comparison with a wavelength of
sound in water. The bubble is in a sound field where the free-field sound pros
sure s pp. The acoustic impedance of the bubble itself consists of the compli-
ance €' of the enclosed gas and a resistance R arising from lossos that oceur wien
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Fig. 3.45. Typicaleffect of a gas bubble in water near a hydrophone.

a gas is compressed and expanded. The mass of the moving gas is negligible. The
analog of the acoustic generator acting on this bubble is obtained by using
Thevenin's Theorem. The blocked (or open-circuit) pressure is obtained by letting
the bubble impedance become infinite and ascertaining the pressure acting on the
blocked bubble. If the bubble is small, this pressure is the free-field pressure.
Next, we turn the generator off and view the generator impedance at the genera-
tor terminals, That is, we look at the generator from the load, or in acoustical
terms, we look into the medium from the bubble—and we see the radiation
impedance R + jwm. For a small spherical radiator, wim >> R. Thus, our
analog is as shown in Fig. 3.46. The velacity u is the velocity of the spheiical
boundary, and the inward direction is positive. Figure 3.46 is a conventional
series resonant circuit. For constant py, the relative amplitude and phase of u is
proportional to the bubble admittance shown in the circle diagram of Fig. 3.47.
Assume that a hydrophone and bubble are closely spaced so that the spacing
distance r << A. Also, assume that the hydrophone and bubble are side by side,
$0 that the free-field prossure acting on each is the same in both amplitude and
phase. This would be the condition of a bubble clinging to the periphery of a
diaphragm. Then the total pressure p, at the hydrophone position axd every-
wiiere near the bubble is the sum of py and the pressure p, radiating from the
pulsating bubble, as depicted in Fig. 3.48. The bubble is acting like a small
spherical radiator and p, is given by the well.known equations such as

* Py 3 jwpUfr where U is the volume velocity, That Is, the radiation load on the
bubble is a mass reactance and p, leads the outward velocity by 90°. Since we

chose positive velocity as inward, p, will lead the negative velocity by 90°, or
will lead the positive veloeity by 270°. Consequently, a locus of p, relative to by
is obtained by rotating the cirele in Fig. 3.47 through 270°. At the resonance
frequency, the velocity u depends on R, and the ratio p,/py depends on the Q of
the resonant systein and the distance ». The sum py, = pp+ p, is then as shown
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// e in Fig. 3.49. Note from Fig. 3.49 that the resonance frequency is not the fre-
quency of maximum or minimum pressure, nor that at which py = py.

Fig. 3.46, Analog circuit of a gas bubble in water driven by a free-
field pressure py; m is the radiation water mass load on the bubble, R
is the resistance in the gas of the bubble and in the radiation impe-
dance, € is the compliance of the gas in the bubble, u is the lincar
velocity of the wator-gas surface of the bubble with inward direction
taken as positive,

\
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SN T Fig. 3.47, The admittance of & mays m, reslstance R, und compliance € i
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P¢ ~ HYDROPHONE

Py

SOURCE

BUBBLE
Py
Fig. 3.48. Arrangement wherein the frce-field pressure py impinges on both a hydro-

phone and a gas bubble at distance » away, The sound pressure p, reradiated or
scattered from the bubble also impinges on the hydrophone.

dacreasing {

1= 1o {revonance)

Fig. 3,49, Phasor diagram showing By = g + by s a function of frequency for the arrange-
ment in Fig. 3.48,

It is evident from Fig. 3.49 that the ratio pyy/py will vary with frequency as
illustrated in Fig. 3.45. 1f r becomes large, the size of the circle will diminish and
the phase of p, will be affected, The phase angle of p, is ~kr radians. A lasger
r will result in a larger negative angle or a clockwise rotation of the p, phasors in
Fig. 3.49. The phase of p, will be effected similarly if the bubble is behind the
hydrophone. If the bubble is in front of the hydrophone, the p, phasors will ro-
tate in counterclockwise direction. The effects of the bubble position on pys is
‘flustrated in Fig. 3.50. 1f the phase shift dus to bubble position is nearn/2 2
mireor bmage of Fig. 3.50 is obtained. Consequently, a wide variety of anomalous
configurations is possible, but Fig. 3.50 still is typical of the most conmon
dubble interferonce. '

3.1 lnterfercace Elimination

"~ There are various remedies for ditterent Kinds of tmterference. The remedies
are niot all compatible; thus, if more than one kind of interference i presant,
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Fig. 3.50, Magnitude of the pressuse at the hydrophone for various locations of
bubble.

compromises must be made. Not all interference problems have remedies. For
example, it is virtually impossible to make free-field far-field measurementsin a
small tank at infrasonic frequencies because of the boundary conditions. Then,
an alternatc calibration method like a coupler must be used.

Interference from noise and spurious signals is eliminated or minimized (see
Fig. 2.51) by the use of narrowband filters. This procedure is applicable only to
continuous-wave signals, of course,

Interference from reflections and crosstalk is best eliminuted by using the
pulsing techniques described in Section 3.8,

Standing waves arc eliminated by rotating onc or both transducers a few

. degrees, which eliminates the parallel-planes condition without measurably

affecting the sensitivity. Increasing the transducer separation will also reduce the
interforence due to standing waves, but it may increase interference due to

~ reflections,

Bubbles are eliminated by thoroughly washing the transducers with a wetting
agent, temperature-stabilization of transducers, proper design of transducess,
proper design of transducer hangers and other underwater rigging equipment,
control of marine life, and removal of gas-producing organic material on the
bottom of the body of water,

When pulsing techniques cannot be used to eliminate reflections, other steps
can be taken, although they are, for the most part, only pastial solutions. The
transducer separation distance should be kept to a minimum and the distance to
the houndary should be made a maximuin so that the amplitude ratio of the
divect signal to reflected signal is a maximum. Directional transducers should be
used i possible to discriminate against signal transmission along refloction paths.
Absorbers can be used at the reflecting boundaties. Bafiles can be used o inter-
cept reflections and deflect them in harmless direations. The baffle technique,
howevor, is not as siple and useful us it might appear. Good rigid reflectors

- would be very hicavy and ponderous. Good pressurewelease reflectors ate not
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durable and are sensitive to static pressure. Furthermore, baffle edges scatter
and diffract the sound waves, providing secondary sources of interfeience.

The initiai positioning of the two transducers relative to a reflecting
boundary can be helpful. If one transducer is insensitive in one direction (to the
rear, for example), the transducer should be oriented so that the reflecting
boundary is in the insensitive direction. That is, the main lobe of the transducer
should be pointed away from the boundary. However, the optimum arrangement
is not necessarily the same for a response measurements as for a directivity pat-
tern measurement in which the unknown transducer is rotated. This fact is illus-
trated in Fig. 3.51, where a directional projector is being evaluated with an omni-
directional standard hydrophone. The arrangement in Fig. 3.51a is optimal for
response because the zero response at 180° or to the rear of the projector
eliminates reflections from the boundary, whereas in Fig. 3.51b, both a direct
and a reflected signal impinge on the hydrophone, If the arrangement in 3.51a
is used for a pattern measurement, we see from Figs. 3.51c and 3.51d that the
pattern level at zero degrees is unaffected by reflections, but at 180° all the
signal consists of the reflection, and a false minor lobe will appear at 180°. If
the positions of the two transducers are reversed, the zero-degree measurement
in Fig, 3.5 1e is subject to interference, but the 180° measurement in Fig. 3.51f is
not. The optimal arrangement then reduces to a choice of the errors in {d) or in
(e). Note that the interfering reflected signal in the two cases is the same, but
the direct signal is zero in (d) and a maximum in (¢). The interference then wil}
have a much larger effect in (d) than in (¢), thersby making () the preferred
arrangement. To illustrate with an example, suppose the reflection path is 10
times as long a3 the direct path. Then the false minor lobe at 180° in (d) will be
20 dB down from the major lobe, or the front-to-back ratio will be 20 dB instead
of infinite. In (e), the major lobe at zero degrees will be subject to an error of
20 log (1 £ 0.1). or about *1 dB, which is a relatively small error. Since pattorn
errors are meaningful only in terms of the level differences at various angles, even
this smal! error disappears in this example because whatever the error in (0), it
will be the same at all angles and consequently the pattern configuration will be
unaffected.

Selective positioning is useful in discriminating against vortical boundary re-
flections, but is not very helpful in minimizing surface or bottom reflection inter-
ference. Occasionally one can point a pattern null in the direction of a reflection
path as illustrated in Fig. 3.52, and thereby eliminate the interference. However,
since null angles shift with frequency, this techunique is limited to a single fre-
quency or a narrow band of frequencies.

Insofar as a passive interference like reflection is concerned, it makes no dit.
ference whether a transducer is transmitting or receiving. The reciprocity
principle applies 1o veflections s well 95 to direct signals. If an active interfering
source is present somewhere, however, the system no longer is passive, and
reciprocity does not hold. Suppose for example we have the situation skows in
Fig. 3.53 with one omnidisectional wansducer and one nartow-beam transduser
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REFLECTING PROJECTOR HYDROPHONE
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Fig, 3,51, Optional arrangements for a directional projector and an omnidirec
tional hydrophone relative 10 a reflecting houndasy. (a) Is preferred to (b) for
response; (e) and (f) ate prefarted t~ (¢) and (d) for patterns.

BOUNDARY

+ \\
Fig, 3.52. Elimination of reflaction faters . / \
forunce by aranging a patters aull in the dis

rection of . refloction path.

that has zeso sonsitivity at 180" or 10 the rear. Then, if the rear of the divectiona)
. veansduver is pointed at the interference sousee and the direetional transducer is
used as the hydrophone, the jnterference will have no offect. Thatis, the hydro.
- phson2 Wit sense only the sound from the peojecton. If the signal divection is reversed
and thie narrow-beam transducer is ussd as a projector, the omnidicectional hydeos
- Mone will sonse the sound from both the projoctor and the kterforonce source.
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OMNIDIRECTIONAL HYDROPHONE
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Fig. 3.53. Effect of reversing the direction of the signal transmission. The
interference signal is not sensed by the hydrophone in (a) but is senscd in (b).

The direct signal as given by the dashed line in Fig. 3.41 is the average of the
maximum and minimum signals. A technique whesein the average signal over a
band of frequencies is measured, then, effectively woui. climinate the effect of
reflections. Two such techniques are feasible, In one, a band of noise centered
on the frequency of interest is used; in the other, a warbled or frequency-
modulated signal is used. Neither technique is applied very often in under-
water clectroacoustic measurements because the frequency resolution of
the sensitivity that is obtained by this> averaging procedure generally is
unacceptable.

-~.,312 Tank Facilities and Sizes

Tank facilities for underwater electrodcoustic moasurements have the ad-
vantages of convenient location and controllable environments. As used in this
Section, the term tank facility refers only to thoss tanks in which free-fleld
measurements can be made. Therein les the main disadvantages of tank facilities:
poor free-field conditions. Unless the tank is unusually large like the TRANSDEC
Facility in Fig, 3.7, for example, the uselulness of a tank facility depends on the
extent to which reflections oz the interference from reflections can be eliminated.
When the reflections are eliminated or attenuated by absorbers at the tank

- boundaries, the term anechoie, meaning “frce from echoes,” is used. Pigure 3.54
" {38 pleture of a typical indoor tank,
- Most such facilities are open tanks that are gmilar tw, but smaller than,
~facilities on natusal water sites.  An exception is the clesed anechoie tank in
which the deep ocean environment ¢an be shalated with high hydrostatic pres.
sure and low temperature, I necessary, the salinity can be controlled also, but
this seldom s necestary for elactroacoustic measutemenis. A crosssectional
Jisgram of such a tank 5 shown i Fig, 3.55. Closed high-pressure tanks intro.
- duce the additional complications of (a) controlling the position and ocentation
of the uansducers frem ouiside the tank through pressure seals, (b) access ports
that limit wansducer size, and (¢) a telnively small size because high pceswxe and
Large size aie Aot compatible.
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Fig. 3.54. indoor tank facility of the Naval Rescarch Laboratozy in Washington, D.C. The
tank Is made of cypress wood, 3 30 feot in diamoter and 22 feet loep, with most of the
depth 1ocessed into a holo be.eath the building,

KA _ fig. 338, Crouwsctivna) diagnam of a 1080:p4 ancchioic tank st the Undeswator Souisd
. : Referdoes Divinion of the Naval Roscdsch Laboraiowy at Odlando, Flotida,
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Because most tanks are small, pulsed-sound techniques are used to eliminate
the interference that originates at tank wall boundaries. In addition, absorbers or
anechoic coatings also are used on the tank walls, bottom, and sometimes the
surface. Various types of rubbar materials have been used in open wanks. For
high-pressure tanks like that shuwn in Fig. 3.55, a cement and sawdust mixture
called Insulkrete has been used.17 Wood by itself is a fair absorber and, since
cylindrical wooden tanks have other industrial uses, such tanks are economically
attractive.18 Tanks of cedar, redwood, or cypress have been the most pogular.

The major question in designing and using a tank facility is its frequency
range. The necessary tank size is roughly proportional to the wavelength of the
acoustic signal. Consequently, attention is focused on the large wavelength sr
the low-frequency limit. There is no simple answer to a question like “How large
must a tank be to be useable at 1 kHz?” The size depends on the pulse length
and repetition rate, and the projector-to-hydrophone distance. These values, in
turn, depend on the kind of measurements to be made, the acceptable accuracy,
the transducer’s size and Q, the frequency, the type of voltage sensing and
measuring system, and the echo reduction of the boundaries.

If pulsing is used, the tank shape is not important. It is the proximity of the
boundary that is nearest to the direct projector-to-hydrophene acoustic path
that is controiling.

To arrive at some general criteria for tank dimensions, a number of simpli-
fying but realistic assumptions can be made. The first of these, illustrated in
Fig. 3.56, is that the nearest reflecting boundary is either parallel to the direct
acoustic path (sidewall, bottom, or surface), or perpendicular to the direct path
(end walls).

The second assumption is that any absorption at the boundaries is primarily
for the rapid dissipation of the reverberation betweer. pulses. Most anachoic
linings are only partially effective, particularly at-low frequencies. Single reflec-
tions are attenuated but not eliminated. The pulsing described in Section 3.8 is
based on the concept that the difference between the direct projector-to-
hydrophone path and the first reflection path is greater than a pulse length. That
is, the hydrophone must be receiving tie steady-state part of the direct pulse
before the leading edge of the reflected pulse reaches the hydrophone. The
minimum path difference then is 7 seconds or cr meters, where ¢ is the speed of
. sound in meters per second. The minimum tank length L and minimum width
(or depth) W then can be computed from Fig. 3.56 as

L=d+ecr, 3.26)
W= [(d+er)? -d?]% = (2der + c2rd)h, 3.27)
'

These basic equations can be put in terms of transducer parameters by making
further assumptions,
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Fig. 3.56. Direct and reflected signal paths in test tank;d is the required measurement dis-
tance,  is the pulse duration in seconds, ¢ is the speed of sound, ¢r is the minimum difference
between direct and reflectad path lengths, L = d + c7 is the length of the tank, and W =
[(d +¢7)2 ~ d2] % is the width or depth of the tank,

It takes Q cycles for a pulse to reach effective steady state, where Q applies to
the whole transmitting system, not just to the projector. The minimum pulse
length is assumed to require Q cycles or A meters for cases in which the trans-
ducer has a negligible diaphragm dimension in the direction of sound propaga-
tion, When this is not true, an additional pulse length is needed to cover the
entire transducer with the effective steady-state signai,

The pulse-length criterion of Q cycles bears directly on the question of ac-
ceptable measrrement accuracy. Figure 3.57 shows the asyraptotic approach to
steady state. Where n/Q = 1, the amplitude is still 0.4 dB or 4%% too low.
Better accuracy can be obtained with longer pulse lengths, but only at the ex.
pense of larger tank dimensions, as is evident from Eqs. (3.26) and (3.27).

The pulse-length criterion of only Q cycles also implies that the voltage-
measuring system can operate with the sawtooth-shaped pulse shown in Fig.
3.57.

Another assumption is that one of the two transducers is small in comparison
with a wavelength—~say one is a point hydrophone, The other transducer is
assumed to be large but with a maximum dimension of five wavelengths, Theo-
retical patterns of S-wavelength transducers are shown in Fig. 3.58. The 10-dB-
down beam widths are less than 20° and as narrow as most transducer beam
widths get. Because of proximity criteria like Eq. (3.15), the linear dimensions
of a tank are approximately proportional to the square of the transducer
dimension, so it is well to set a reasonable limit. When measurenents are to be
made on larger or very narrow-beam transducers, special criteria can be
developed.
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Fig. 3.57. Sound pressure magnitude from a resonant transducer driven by a
stop-function electrical pulse. Curves computed from p,/pg = 1 - e-71/Q where
Po s the steady-state pressure (1 => 9, p,, is the pressure after n cycles, n is the
number of cycles, and Q is the Q of the transducer.
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Fig, 3.58. Theorotical directivity patterns for a piston five wavelongths in diam.
eter and a line five wavelongths long,
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The last assumption is that the maximum distance d is set by the proximity
criterion in Eq. (3.18). Combining this equation with the maximum transducer
dimension D = 5\ produces for the d in Fig. 3.56

d = SD = 25\, (3.28)

The use of Eq. (3.18) also implies that the steady-state part of the longest
pulse must be D/2 meters or 2% wavelengths long. Figure 3.59 illustrates the
pulselength requirement for the conditions assumed in Eq. (3.18) or for
measuring the pattern of a transducer in the 60° sector centered on the axis. For
this case of maximum pulse length and D = 5),

cr = QA + 28N = (Q + 24\ (3.29)

Then, combining Egs. (3.28) and (3.29) with Eqs. (3.26) and (3.27) yields
L = (27.5+Qn, (3.30)
W= [S0(Q+24%) + (Q+2%)*] %\ (331

SOQUND SIGNAL

ST DIRECTION

i
$

M lﬂ “I “M i SOUND PULSE

M

cr

l=Q A

Fig. 3.59, lustration of how a transducer of diametor or width D and oriented
at 30° off axis requires a puise with a steady-state length of D/2.
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Equations (3.30) and (3.31) are plotted in Fig. 3.60 with wavelength con-
verted to frequency.
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Fig. 3.60. Length (solid line) and width or depth (dashed line) of a tank for meas-
uring a pattorn of a transducer with a maximum dimension of five wavelengths,

3.13 Acoustically Transparent Pressure Vessels

Closed tanks that are large enough for free-field measurements and also strong
enough to contain hydrostatic pressures of several thousand pounds per square
inch are very exponsive. An alternative for some purposes Is provided by small
acoustically transparent pressure vessels. If an unknown transducer is placed in
such a vessel and then the entire vessel is immersed in a larger body of water,
conventional free-field measurements will be limited only by the dimensions of
the large body of water. The hydrostatic pressure and temperature are applied
only to the unknown; other transducers are outside tho vessel as shown in

S Fig. 3.61.
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Fig. 3.61. Arrangement for using acoustically transparent prossure vessol
to tost and evaluate transducers,

Glass-filament-wound vessels have been used with this techniuge. 19,20 They
have a much shorter life in terms of pressure cycles than a comparable steel vessel
does, but the relatively low cost compensates for the short life.

The vessels are made by winding glass filament on a mandrel. The filament is
coated with a resin that provides the adhesive bond between filaments. A rubber
liner serves asa water barrier. The winding technique requires an opening on each
end. One cpening is made large and used as an access port. The other is small
and used as a drain hole. Transducers inside the vossel usually are attached
rigidly to the steel cover if the vessel is small, and the transducer and vessel are
moved or rotated together.

Because the filament-resin material is heterogencous and anisotropic, its
acoustical characteristics are not amenable to theoretical analysis. All of the

- current ir “ormation is empirical.

d Glnss vessels are completely transparent only at low frequenciss in the audio
range. The insertion loss of the vessel walls increases gradually with frequency until
it may be as much as 8 dB in the ultrasonic rangs. There may also be discernable
resonances of the whole water-filled vessel at an audio frequency. Where the walls
have significant insertion loss, they will also reflect sound. Internal reflections will
occur in the vessel, and pulsing techniques are needed to eliminate interference.
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The principal interference-causing reflection originates from the vessel wall
behind the transducer. The low-frequency limit for the pulsing technique is set
by this reflection path or the vessel radius. Increasing the radius does not neces-
sarily improve matters, because, for a given pressure capability of the vessel, the
wall thickness increases with the radius. There is a pressure-size relation that
optimizes the crossover between the frequency range in which the vessel is
essentially transparent and continuous-wave signals can be used and the frequency
range in which pulsed sound is feasible.

A calibrated standard transducer is needed to determine the insertion loss of
the wall as a function of frequency and pressure, or to serve as a standard in a
comparison calibration as described in Section 2.2.1. If no change is observed as
a function of pressure in an insertion loss measurement, however, it is safe to
assume that both the insertion loss of the vessel and the transducer response do
not change. The probability of equal and opposite changes over a wide frequency
range is negligible. Such “no change” measurements have been observed19,20
using the type F27 and F30 transducers described in Sections 5.9.1 and 5.9.2.
If changes are observed, and if a standard calibrated elsewhere is not available,
the internal transducer and the vessel are evaluated as a single unit.

If the transparent vessel is large enough to accommodate simultane-
ously two transducers separated by a distance that meets tha proximity
criteria of Section 3.4, it can function as a tank facility as described in Section
312

3.14 Coordinate System for Transducer Orientation

A standard system6 of left-handed polar coordinates like that shown in
Fig. 3.62 is used to relate calibration measurements to a transducer. The system
is fixed with respect to the transducer. The origin of the coordinates always is
placed at the acoustic conter of the transducer. Other relationships follow
the conventions below, unless otherwise specified. It is assumed that a
transducer normally transmits sound in, or receives sound from, a horizontal
direction,

Fig. 3.62, Standard coordinate systom
for transducer orientation,

-
,,/’\¢

LA A —




FUNDAMENTALS OF FREE-FIELD MEASUREMENT PRACTICE 175

(a) The positive Z axis (6 = 0°) is in the upward direction when the trans-
ducer is in its normal position.

(b) The positive X axis (¢ = 0°, 0 =90°) is the direction of normal propaga-
tion or the acoustic axis.

(c) Response or sensitivity is measured in the direction of the X axis.

(d) Point or spherical transducers are oriented in the coordinate system by
an arbitrary choice, but reference points (scribe marks, serial numbers, screw
heads, cable glands, etc.) that coincide with the X and Z axis must be specified.
Figure 3.63 shows an example.

Z REFERENCE:

CABLE GLAND
\

X REFERENCE:
SCRIBE MARK, SERIAL
NUMBER, ETC.

Fig. 3.63. Co rdinate system for a point or spherical transducer.

(¢) Cylindrical or iine transducers are oriented with the axis of the cylinder
or line coinciding with the Z axis. A reference mark in the XZ plane in the direc-
tion of the positive X axis is specified. Figure 3,64 shows an example.

() Planc or piston transducers are oriented with the plane or piston face in
the YZ plane with the X axis normal to the face at its acoustic center. A refer-
once mark in the XZ plane in the direction of the positive Z axis is specified.
Figure 3.65 shows an example. '

When unconventional oricntations or configurations are used, calibration data
should be accompanied by special sketchos showing the same information as
Figs. 3.63, 3.64, and 3.65.

Polur directivity patterns identify the plane of the pattern by the direction of
(1) the 0° radius vector (normally the acoustic axis, if it lies in the plane), and
(2) the 90° radius vector. If the radius vector coincides with the X, , Y, ot Z axis,
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CABLE GLAND - X REFERENCE:

SCRIBE MARK, SERIAL
NUMBER, ETC

Fig. 3.64. Coordinate system for a Une or cylindrical transducer.

2 REFERENCE:
N L-CABLE GLAND

A3

Fig. 3.65. Coordinate systom for a
plane or piston transducer,
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these symbols are used rather than the angles & and ¢. For example, an XY pat-
tern means that 0° is in the direction of the X axis and 90° in the direction of the
Y axis. Examples of XY, XZ, and YZ patterns are shown in Figs. 3.66, 3.67, and
3.68, respectively. If the 0° or 90° vectors do not coincide with an axis, the
directions are identified by 8 and ¢. For the example in Fig. 3.69, the pattern is
identified by (¢ =45°, 8 = 90°) and (8 = 0°).

VIEW OF
{ PLOTTED PATTERN

UPWARD AX!S
OF ROTATION \

Fig. 3.66. Oxientstion of a polar pattesn in the XY plane.
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90°

UPWARD AXIS
OF ROTATION

VIEW OF
e mmemann PLOY TED
PATTERN

Fig. 3.67. Oricntation of & polar patter in the X2 plane,
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. S © Pig J.68. Orientation of a polar pattem in the Y2 plane,
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Pig. 3.69. Orintation of a polar patier in the plase identified by (1) 0° radius
 wector irat o= 45° und 0« 90°, und (2).90° radis veetor ismt 0 = 0°,
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It is easy to confuse rotational directions, and axes of rotation are not used as
areference. If the patterns were measured by revolving the standard or reference
transducer in a wide circle around the unknown transducer, the standard and the
data plot would move together in the same, usually clockwise or compass-wise,
direction. But patterns actually are measured by rotating the unknown in a
direction opposite to the data plot. That is, to plot data for 0° to 90° orin a
clockwise direction, the transducer must rotate from 0° to —90° or in a counter-
clockwise direction.

In some unusual cases, patterns are measured in configurations other than a
plane. )f, for example, the two transducers are at different depths and one is
rotated about a vertical axis, the line joining the two transducers will sweep out
a conical surface. In unconventional pattern measurements like this, the pattern
identification scheme should be described in detail, preferably with a drawing.

3.15 Data Reduction and Analysis

When transducers are calibrated in free-field facilities and with automatic sys-
tems, the calibration equations of Chapter 11 need expansion and modification
into practical formulas that account for units, constants, amplifier gains, attenu-
ators, conversion to the decibel system, voltage and current measure calibration,
voltage coupling losses, and so forth. The formulas are further modified to fit

~ techniques for reducing the tedium of computing many data points.

Before, during, and after data reduction, certain examinations and analyses of
the data can he made to determine consistency among the measuroments and
compliance with theory as given in Sections 2.11,2.13, and 5.2.

The receiving sensitivity M and transmitting response § of a transducer almost
always are given in the decibel system, and when they are the correct terminology
is sensitivity or response level Patterns almost always are plotted with decibel
scales. Other parameters, like directivity index and efficiency, usually are given

- in decibels. Consequently, when speaking of the sensitivity A, for example, one

actally rieans 20 Jog (M/Mg), where My is a reference value,
Measurements of a voltage e with a system like that shown in Fig, 3.26
always involves the gain of the voltage amplifier. The amplifier is calibrated and

the gain is read directly from dial settings. The gate G is 4 measuve of the ratio of
output voltage to input voliage, or

, ag euqs_m voltage o
G = Wlog Unpot volge 7 (3.32)
Attenuvation is treated a3 2 negative gain.

Where a hydrophone voltage coupling loss s mieasured in dicibels, it will be
symbolized by CL: : ' ‘

¢l = zmag(éi}) = Wloge, - Whogeg, (3.33)

1.

¢ gk s B
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when ¢; and eq are taken {from Fig. 3.25. Note again that CL is a positive number
for a true loss.

Where the projector voltage or current is used in a formula, the voltage or cur-
rent must be related to the output voltage of the “e and i measure™ circuit of
Fig. 3.26. This is the same as the output voltage e, or e; in Fig. 3.27. These
relationships are found by actually measuring e, or ¢; as functions of e and i,
respectively, and then defining

K, = 20loge, — 20loge, (3.34)
K; = 20loge; —- 20logi, (3.35)

The value of K, would be expected to be equal to 20 times the logarithm of the
voltage divider ratio in Fig. 3.27a; K; would be equal to 20 times the logarithm
of the resistance in Fig. 3.27b, and be a function of the toroid transformer turns
ratio in Fig. 3.27c.

Equations (3.33) and (3.34) represent dimensionless ratios; consequently, the
units of voltage are unimportant. It is only necessary that the same unit be used
consistently in each equation. The units in Eq. (3.35) are those of the MKS
system and X is the logarithm of volts per ampere.

3.15.1 Calibration formulas

In deriving calibration formulas, it will be assumed that all measured voltages
are subject to finite amplifier gains, and all hydrophone voltages are subject to
coupling losses. This is done for the sake of completeness; such gains and losses
do not always exist.

A free-field voltage sensitivity level obtained by comparison with a standard
hydrophone is given by Eq. (2.1), which, expanded and modified, is

2010gM, = 20logM, + (20 loge, =Gy + CLy)
- (20 log e - G, + cL‘) » (3.36)

where the x subscript denotes a quantity assocluted with the unknown and the s
subscript, with the standard. The units of M, will be the same as those for the
standard calibration AM,~—that is, volts per unit pressure (one of the unit pressures
shown in Fig. 1.1). The voltages are referred to one volt.

A teansmitting current response §y obtained by measuring the transmitted
pressure with a standard hydrophone is given by Eq. (2.6), which, expanded and
modified, is

20log Sy = (20loge,~G,+CL,) + 20lopd ~ 20logM,
‘_"(20 log & "’Kl "G;)- (3.37)
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The units of §, will be unit pressure per ampere when the unit pressure is the
same as that used in M;, The voltages e, and ¢; are referred to one volt, and the
distance d to one meter.
A transmitting voltage response S, ' is taken from Eq. (2.7); the formula is
20logS,’ = (20loge; =Gy +CLg) + 20logd — 20 log M,
- (20log e, — K, - G.). (3.38)

A free-field voltage sensitivity obtained by a reciprocity calibration is given by
Eq. (2.17), which, expanded and modified, is

20 logMH = %[(20 logepy —Gpy + CLH) +(201og ery = Gry + CLH)
=(20log ep7 — Gpr + CL7) - (2010g ;= K; =Gy
+20logJ +20logd]. (3.39)

The units of M depend on the units of J, which is given in Figs. 3.70 and 3.71 for
all four reference pressure levels of Fig. 1.1,

=40

=0 a

//

=80 = v -:
)

i

; i - oL i 4 adll
1] § 3 4 3 6TH0D ? Y 4 3 &7890 q } 4 57800
Figguahly &

Fig. L70. Reciprocity parameter 20 log J as a funetion of frequency in cgs units;
J = AN » (2)pf) % 10-T where M is in volts per imdcrobar, S 18 in microbars per ampere
atdem,d =100 em, and p » 1,00 gfems, Note: Subtzact 148 dB whea referonce pres
stre is changed from 1 ubar t0 0,0002 udar,
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Fig. 3.71. Reciprocity parameter 20 log J as a function of frequency in MKS units;
J = M/S » (2d]pf) x 10-12 where M i3 in volts per micronewton/moter?, § is in micro-
nowton/meter2/ampere at d metess, d = Im, and p = 1000 kg/m3. Noto: (1) Add 240
dB when referenoe pressure is changed from 1 uN/m2 to 1 N/m2, {2) Add 52 dB when
reforence prossure is changed from 1 uN/m32 to 20 uN/m2,

Equation (3.39) is cumbersome if all 14 terms are used. In practice, this
usually is not necessary. The distance d can be combined with J from Table 3.1
and Fig. 3.71 by adding 20 log d, with d in meters, to J. The electrical
impedances of the projector P and the reciprocal transducer T usually
are low in comparison with the input impedance of the first recoiving amplifier
in Fig, 3.26. Thus, when they are used as hydrophones, P and 1 will have zero
coupling loss, or CLp = CLy = 0. The hydrophone itself may have no coupling
loss if it has no preamplifier or if ond-of-cable calibrations are used. Then
CLy; = 0. With a receiving system that has good lincarity ovet a large dynamic
range, the amplifier gains can be the same for all four measurements in a
reciprocity calibration, and thereby cancel out. Still further simplification is
obtained if the current or ¢; is held constant by a normalizing circuit as shown
in Fig. 3.26, and a circuit with a 6-dB-per-octave insertion loss is used to combins
J with é155. All these simplifications reduce Eq. (3.39) to

20 log My = %[(2010g epy = 20 log epy) + 20 log eg + K],  (3.40)

| where ¢y’ includes the 6-dB-per-octave 1oss equivalent to J and Ky includes a)
system constants including current, distance, and a veference level for ey’
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Table 3.1. The reciprocity parameter as used in Eq. (3.39) for five
different reference pressures used in the definitions of free-field volt-
age sensitivity and transmitting current response. The units of d and
p are meters and kilograms per cubic meter where the reference pres-
sure is in newtons per square meter, and centimeters and grams per
cubic centimeter where the reference pressure is in microbars per
square centimeter.

Reference Pressure Reciprocity Parameter (/)
1 N/m? Afof
1uN/m? " (2dfpf) x 1012
‘ 20 uN/m? - (2d/pf) x 10-10
 lubar - @d/of) x 1077
0.0002 pbar (2d/fof) x 4 % 10-15

Roshon?! uses Eq.(3.40)and lares* .. ical techniquas to compute My over
awide frequency range. T+ .«wween the first two terms in parentheses
is graphically added to- . gy term, resulting in a curve proportional to M.
Then, a computation at just one frequency s all that is necessary to account for
Ko and reduce the curve to the absolute level.

If a fourth measurement in which T is the projector and P is the hydrophone

. (se¢ Fig. 2.5d) is added to the conventional reciprocity trio, Eq. (2.18) can be
expanded and medified into a formula-similar to Eq. (3.39), but with the P and
T subscripts interchanged. Such an interchange affects only the “PT" and “4*
paronthetical oxpressions. Equating these expressions constitutes a check on the
“raciprocity of Pand T. That is,if Pand T are reciprocal, then

(20 log_‘,-en =Gpy +CLy) + (20108 ¢, ~K; = Gy)y =
(2010g erp= Gyp +CLp) +(2010g ¢; =K~ G)lp (341)

The value of K; & independent of the projector, T and P usually are similar trans.
ducers 30 thut the guins cancel out, and CLy and CLp usudlly are zero. Then
Lq (341) reduces to

T~

20 logepy + (20 log e}y # 201log epp + ( 20 log e;)p. (342)

. The numerical values of the two sides of Egs, (3.41) ot (3.42) may differ by a
few tenths of a decibel because of random error. An average of the two expres.
sions then can be used in Eq. (3.39) instead of only the leftdind expression.
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3.15.2 Conversion of reciprocity parameter and level

The reciprocity parameter J in Eqs. (2.17) and (3.39) is defined in Section
2.3 and Eq. (2.12) as the ratio M/S. In the literature22.23 this J is shown to be
an acoustical transfer admittance U/p, where U is the volume velocity of a simple
source and p is the free-field pressure in a spherically diverging wave at the dis-
tance d. From this, then,J is

M _u
Je 5= o (3.43)

where d is the reference distance of the transmitted pressure in the definition
of S—that is, one meter; p is the density of water; and fis the frequency. If all
the parameters in Eq. (2.17) and (3.39) were consistent or in a single system of
units, and if the reference voltages, currents, and pressures used in the definitions
of 3¢ and S were the units of the system, then Eq. (3.43) would be a complete
formula for J. Where the units are mixed (MKSA volts and amperes, cgs micro-
“hars and centimeters, and reference pressures other than one newton per square
- meter, for example), a conversion constant must be added to Eq. (3.43). These
constants are shown in Table 3.1 for five different reference pressures. In each
case, it is assumed that the same unit system (that is, MKS or ¢gs) is used for
2d/pf as for the reference pressure. It should be noted that even though
20 uN/m? and 0.0002 ubar are the same pressure, 20 log J is different for the
two cases because different units are used for 2d/pf. This difference accounts for
the factor 10-5 in the conversion contants, That is,

Um) o Uem) (3.44)
X;,-jfmz) o(=y)f12)

The remaining part of the conversion factor acevunts for the reference pressure
level differences shown in Fig. 1.1. The parameter 20 log J is plotted as a fune-
tion of frequency In Figs. 3.70 and 3.71.

Since the freefleld voltage sensitivity of a given hydrophone is proportional
to the veference pressure, the sensitivity levels will differ by the same amount as
the pressure levels shown in Fig. 1.1, One then can compute M with one refer-
ence pressute level and use Fig. 1. to change it to another. Similasly, the
reference lovel of the transmitting current response ¢an be changed by using
Pig. 1.1 and inverting the difference. Table 3.2 shows the relative levels of A,
S, and J.  The level differcnces can be used to convert from one system to
another. For example, M referred to | volt per micronewton per squaie meter
‘will be 100 dB lower than when veferrcd to one volt per mivtobar. The 20 log J
column of Table 3.2 also can be vbtained from the conversion factors in Table
3.1 and Eq. (3.44)
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Table 3.2. Conversion factors or relative levels of sensitivity, response,
and the reciprocity paraineter as a function of the reference pressure.

" Conversion from | N/m?
Reference
b .
Pressure 20logM 20 log S 20 logJ
1 uN/m? -120 +120 -240
I ubar =20 +20 -40
20 uN/m? } ) 9 _
0.0002 ubar 94 94 183

3.15.3 Data consistency

Caliration, test, and evaluation data on underwater clectroacoustic trans-
ducers, like any experimental data, can and should be examined and analyzed
tor internal consistency and consistency with theory. There are many ways of
doing this, especially if all voltages and currents are measured and all responses
and sensitivities are plotted as continuous functions of frequency. Such plots are
assumed in the paragraphs that follow, Each paragraph describes the examina-
tion and analysis associated with each type or combinations of types of data.

A. Transducer Inpui or Output Voltages and Currents

The basiv raw data of a measurement are several lines on a strip chart repre-
senting hydrophone voltage and projector cursent or voltage as a function of fre-
quency. These plots are examined first for evidence of the various types of inter-
ference discussed in Section 3.10. If, in accordance with good practice, the
measurements are made at two distances between the projector and hydrophone,
the difference in levels is checked for proper “distance loss." In a reciprocity
..alibmn‘an the “reciprocity check™ discussed in Section 2.3, Figs. 2.8b and
2.5d, and By, (3.41) is made. The projector voltage and current (or voliage pro-
portional to current) of a sharply resonant transdueer usually will peak or dip at
the resomance frequency unless the voltage is normalized. These peaks and dips
should be consistent with the theory of Figs. .51, 2.53, and 2.54 in that (a) the
current peaks and the voltage dips at the resonance of a piezoelectsic transducer,
and (b) the current dips and voltage peaks at the resonance of an electromag.
notic transducer.

B. Response and Sensitivity
- The surest 1est for the validity of a computed response ot sensitivity i to ob:
tain dota by different and independent methods and compare sesults, The feee ficld
teciprocity and two-projector null methods, for example, would be completely
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independent. Few places have facilities for such checks on measurements,
More common are semi-independent techniques like comparing continuous-wave
and pulsed-sound results, or examining results in overlapping frequency ranges.
When a wide-band hydrophone is calibrated, the frequency range of the measure-
ment usually is limited by the projector. A moving-coil projector would be used
in the audio range to, say, 20 kHz; typically, a piezoelectric projector would be
used in the range 5 to 50 kHz. The two measurements would overlap in the
range 5 to 20 kHz, and would be semi-independent in this range. That is, some
of the measurement conditions would be the same and others would be different
in the measurements in the two ranges. Repetitive measurements also can be
made to identify random errors. Agreement with theory as given in Section 5.2
and Figs. 5.2a, 5.2b, and 5.3 should be examined. In a resonant transducer, the
free-field voltage sensitivity will peak at a lower frequency than the transmitting
current response. This is evident from the relationship 20 log M — 20 log § = 20
fog J and the fact that J decreases at a 6-dB-per-octave rate. This {requency dif-
ference is small and not shown in Fig. 5.2, but it may be discernible in some
cases.

C. Response and Sensitivity versus Patteras
If the response or sensitivity is measuved in two or more directions, and if
directivity patterns are measured ir: a plane including the two or more directions,
the differences must be consistent. For exaraple, if a hydrophone sensitivity is
measured for both the ucoustic axis (X' direction) and at 9C° (or Y axis direc-
tion),and at a given frequency the latter is 6 dB lower than the former, this same
6 dB difference should appear in the pattern at the same frequency.

D. Response versus Impedance
The transmitting current response § and uansmitting voltage response S’ ate
related according to Olun’s Law:

201038 - 2010g S’ =201082, (3.45)

where £ Is the transducer impedance,

Equation (3.45) is a consistency check if the projector current, voltage, and
impedance are all measured. Sometimes Bq. (3.45) is used to find one of the
three parameters when only the other two are measured. It is evident that in a
resonant transducer, § and §' will not necessarily peak at the same frequency
because, as &5 shown in Fig. 2.52, the maximum Z is not at the rusonance
froquency. ‘

E. Patterns
Patterns can be examined for agreemant with the theory of Section 2,11 and
Figs. 2,41, 2.42, and 2.43. The width of the wmain beam and the difference in
level between the main bedm and the Best minoe lobe are the two parameters
that usually ave esamined. Tlds requites some knowledge o at least educated
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guesses about the actual size and configuration of the transducer. Beam patterns
become narrower as the frequency increases. Any violation of this rule usually
indicates that a pattern is being measured at a harmonic frequency. Where pat-
terns are measured in several planes, there should be consistency between certain
levels. The front-to-back differences in XY and XZ patterns should be the same.
The difference in level in the Y and Z axes directions should be consistent in all
patterns, If patterns are taken in the three principal planes, then a Y and Z axis
check would show that

(XZ@90°) - (XY @90°) =(YZ@0%) — (YZ@90°). (3.46)

F. Impedance

If the transducer impedance is measured by more than one technique, the
results should be consistent, of course. There are three techniques. The “eand i
measurc” calibration data give only a general idea as to the impedance. Vector
impedance locus plotters (VILP) automatically display impedance in the form
shown in Figs. 2.52b, 2,53, and 2.54. Such plots are convenient and useful, but
not very accurate, For high accuracy, impedance bridges are used, and the data
are plotted as in Fig. 2.52a, The plotted data should be examined to ascertain
that maximums, minimums, and slopes are all consistent with the theory as given
in Section 2.13,

G. Coupling Loss

The voltage coupling loss is independent of the acoustic load on a transducer
except near the resonance of a sharply resonant transducer. Consequently, with
wide-range hydrophones, bench measurements in air should produce the same
results as regular measurements in water, Since electrical grounding conditions
often affect coupling loss measurements, a comparison in air and water environ-
ments is useful to detect tius source of error. If they do not agree, it usually
ineans that the calibration resistor is being shunted by a ground loop in one of
the two conditions. The coupling loss usually is approxinzately constant down
to a low cut-off frequency which is not to be confused with the sensitivity cutoff
frequency described in Section 5.2 and Fig, §.3. Flgure 3.72 &5 2 simplified
version of Fig. 3.25 showing the plesoelectire generator and the parallel resist:
ances and capacitances that Joad the generator. Exeept at the very low fre:
quencies, the resistances Ry, and #, are much larger than the reactances 1/wC,
and 1wy, and the coupling calibration voltage ¢; is divided across the two re-
getances.  This division i5 constant with frequency, At some low frequency,
tvpically | 10 10011z, Hew€, becomes equal to Ry, This is the cut-off frequeisy.
At frequencies oelow the cut-olf, o, 15 divided across Ry and 1wCy, snd the rato
* e, increases at the rate 6 dB per octave as the frequency is deereased. At astill
lower frequency, ¢; will divide across R and Ry, and the ratio e,fe, again will
become constant, but this usually happens at too low a frequency to observe. Ao
unvsually high cut-off frequency mdicates that R, w smaller than usual--as, for

example, when moisture gots into tie hydrophone.
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PIEZOELECTRIC . AMPLIFIER
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\&coum.m CALIBRATION VOLYAGE
_ Fig. 3,72. Simplified coupling measurement circuit. Stray capacitances and leakage re-
sistances are lumped with Cg and Rg or with C;; and R,y according to waether they aze ln Lo -
ths crystal or the ampuﬁcr stdo of the coupling calibration voitage. R

-

H. Efficiency and Other Parameters
Various electroacoustic parameters, like efficiency, ate functions of the
measured parameters response, sensitivity, directivity, and impedance. They are
obtained by computation, It follows that any peaks, dips, or anomalies in the
frequency curves of the measured parameters must appear in the computed
paramctors—-unlass, of course, they coincidentally cuncet out, Computed param-
eters should be examined for consistency in the contours of the curves.

3.15.4D¢uacuncy . R

The calibration of an underwater e!ectmaﬁmsue transduver is a m&ammwm o B
~ 7 of a dynamic system in 20 unsiable environment. The transducer itself vibrates =~
o in many complex ways, Neally, the electroacosstic element fiself, couplmg :
oo fluids, and acoustic windows vibiate freely, At ihe same time, all other parts of a
o uansducer ideally do not vibrate at all, The:transducer w8 expected (o be sensl. St
- tive 1o dynamie pressuees of the ovder of une microbar or 1.5 x {0¥3 psi,andin. N
senisitive 1o statis pressures of 10 psi or more. The water medium niever & the e
- boundless, homogeieous, and stable medium it is assumed to be. It is under
_..standable. . then, that underwater electrvacousiic measurements are not as
5 apourate and precise as some other types of calibration measuremonts. :
Must zetivitien will claim an acturaey of £0.4B for 2 measurement oran uns
kuawn transducer perfofmed onge, and with only a nominal effort at data examis
el s atkon and anglysis. Where several indépendent, semi-indopendent, and redundant o
ST . measurementscan by inade, accuracy of 1.5 dit.can be expectid, and ;miups in
C ' T sone exwmiu«ml Mﬂ maybe asgoo.! aw db. o >
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As used here, accuracy does not have the precise mathematical meaning that
is possible when many mezsurements are made and average deviations from the
mean can be determined. 1t is the kind of criterion ene would put in a specifica-
tion and is a measure of the data spread under various measurement conditions -
after the data in cach case have been examined, analyzed, and perhaps corrected
for ubserved error.

Inan international round robin hydrophone calibration program,24 accuracies
of 0.5 dB to £1.5 dB were cluimed by various participants. When the data from
all the participants were analyzed, average deviations of 0.3 to 0.6 dB were found.
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Chapter IV
NEAR-FIELD METHODS

4.1 Introduction

The low limit of the frequency range in which useful calibration, test, or ¢valu-
ation measurements can be made in a small body of water generally is a function
of the minimum measuroment distance set by the proximity criteria of Section
3.4. These criteria indicate that when a transducer diameter or length amounts
to several wavelengths or more, the minimum measurement distance is many
wavelengths. At frequencies of a few kilohertz, this distance becomes very large
and interference from boundaries illustrated in Fig. 3.29 becomes severe, 1t also
was pointed out in Section 3.4 that whether continuous-wave ot pulsed sound
signals are used, the minimum distance should be used to discriminate against
boundary interference. . : -

It became obvious in the late 1950's that the small lake, pond, and tank facili-
ties of the Navy were ruaning out of spacs (in wavelengths) as frequencies of a
fow kilohestz and large transducers were coming into use. If conventional fars
field measurements were 10 continue, very large budies of water and vary large
and expensive facilities would be needed. The only alternative would be to devise
- measareinent tochaiques that weuld change or eliminate the free-fleld farfield

tangducer proximity weguisements. - I, for example, one could make measure. .

menis in the acar ol or Presnel 20ne of a transducer and extrapolate the results

to conventional far-Reld patters and iwsponie, 3 gicat saving i space and money ;

- could berealized. o : : , .
- Seme basiy mathematical theory for extiapolating noardield data to fardigld
patterns and regpomie wis available 4 b Rad vot Yeon used in praciive. 4
1958, the Nawy Underwater Souad Reforesce Laburatoty (USRL) recunmended
‘1o thie Offize of Naval Research that u study e pimsored al some university with
e aie of extesding and applying these mathamstiond concepts o the real Navy
prodlor af making calibrativn, test, ar evaluation weanuements on large sonar
transduess. 10 1959, Horton, loads, und Baker at the Defonse Research Laboras
Ctory (DRL) of the University -of Texay undertosk i W undet fle julst.
sponsorsip of the OMfiee of Neval Ressarch and the Navy Bateau of Blips. At
© i 00 thme, WXL Teott at fhe USRE continued o iivetigads the sane prab
- fomalong lines tsat eventually 1od 1 an atray that produses 3 vea Tiehd consisting
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in part of uniform plane progressive waves. The two approaches to this problem
have become known as (1) the DRL method, and (2) the Trott array. Both have
been successful, and each is discussed in the sections that follow,

4.2 Theory of DRL Method

The DRL method is based on formulas from Kirchhoff and Helmholtz5-7 and
the concept illustrated in Fig. 4.1. If a sound source is completely enclosed by a
surface S, the pressure p(P) at any point P in the space exterioi to $ and due to
the sound source within S can be determined by the surface integral

PP = (1/4n) ff_q[p(a)%(ﬂ’,f)-(ﬂ"—')%%l]ds, @D

r

where p(Q) is the complex pressure at 2 point Q on the surface S, n is the out-
ward normal to S at Q, 3/9n denotes differentiation in the normal direction, # is
the distance from Q to P, and k is the wave number. Equation (4.1), known as
the Helmheltz formula, is valid only for the case of sinusoidal waves.

Fig. 4.1, Surface integration for the Helmholtz formula.

The direct use of the Helmholtz formula requires that the magnitude and
phase of both the pressure and pressure gradient be measured over the surface S,
The pressure gradient is difficult to measure with good spatial rosolution, how-
ever, because pressurc-gradient hydrophones generally have dimensions of 2 to
$ in, (see Section 5.12) and, in offect, measure the pressure gradient averaged
over a volume of 8-125 in3, Without a very small or probe pressure-gradient
hydrophone, the pressure gradient at a point in a sound fleld cannot be ac-
curately measured. To avoid this measurement, it is assumed in the DRL method
that the wave propagation at the point Q is approximately plane, and

2O = jipi). @2)
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This approximation is valid for surfaces of moderate curvature over which the
pressure changes are not sharp. For the case of a cylindrical wave, for example,
Horton shows that it is valid when the diameter of the cylinder is 5 wavelengths
or more.6 Experimental results on large cylindrical and other transducers also
support the approximation. For general application of the DRL method, how-
ever, the approximation in Eq. (4.2) should be examined whenever the transducer
and the surface S do not constitute a large cylinder or sphere,

A second assumption is that r is very large. This is automatically valid, of
course, if Eq. (4.1) is being used to compute far-field patterns or response. Then

3 [eikr k. or  kelkr
6'5(7) = Lol = = cosh “3)

where f is the argle between the normal and the line from Q to P. Substituting
Egs. (4.2) and (4.3) into Eq. (4.1) and taking the magnitude of 7 as approxi-
mately a constant yields

p(P) = 7;':-:; f [? (1 +cos Be*rp(Q)dS. (44)

In any particular measurement, the magnitudes of » and k are constants, the
magnitude and phase of p(@2) are measured at closely spaced discrete points over
the surface 8. § is computed for every point Q from the geometry, and Eq. (4.4)
is used to determine p(P). The magnitude of the quotient of p{(F) on the trans-
ducer acoustic axis over the current driving the source is the transmitting current
response. For a pattern, p(P) is computed for a series of points on the arc of a
circle centered on the source. The computations obviously are formidable, and
an clectronic computer is necessaiy to make the method feasible; however, once
a computer is programmed for a particular surface S, the computation is easily
made,

4.3 Practice of DRL Method

The practical use of the DRL method is illustrated by some of the work of
Baker,? who experimented with the large cylindrical transducer shown n Fig. 4.2,
which consmisted of 48 vertical staves equully spaced about the axis. Measure-
ments were mude while groups of 12 adjacent staves were driven. The surface of
integration was a cylinder 1.25 wavelengths larger in radius than the transducer
and slightly longer thun the transducer. A calibrated probe hydrophone was held
Wy tixed position 1.25N from the transducer as the transducer was rotated in
steps of 3.6° The pressure and phase were measured at 100 points in a circle
around the wansducer. The probe then was moved upward to a new level and
the sequence repeated. The suriace ui itepration was not closed in this example.
No measurements were mude above and below the wansducer, 1t was assuned
that the pressure above and below the transducer was small enough to be




Q

f
A
<
¥
“
e
Y
Y
L,
’
R
.
X

P

Y %

196 NEAR-FIELD METHODS

neglected, Figure 4.3 shows sample plots of data obtained at one level of the probe.
The separation between measuring points should be less than 0.8\—a common cri-
terion for approximating a continuous plane with an array of points. The experi-
ments showed that greater separation in the plane of a pattern being measured
introduced scallops into the pattern; however, greater separation in the orthogonal
or vertical plane seemed more tolerable, Figure 4.4 shows a pattern computed by
the DRL method and measured by conventional far-field techniques. The agree-
ment between angles of +60° is quite good, even when only one set of 100 points
at one probe level is used. Better results are obtained if a line hydrophone is
used instead of the probe. If the line hydrophone is as long as the transducer,
is designed so that it integrates the acoustic signal along the length of the line,
and is positioned with the axis of the line parallel to the axis of the cylinder, then
the whole cylinder is scanned in one rotation. The results of such a measurement
are.shown in Fig. 4.5. A line hydrophone consisting of a series of closely spaced
discrete elements will integrate the signal when the elements are electrically con-
nected in series and the output open-circuit voltage is measured, or when the ele-
ments are connected in parallel and the output short-circuit current is measured.

OThER LEVELS
AT WHICH
DQATA WERE
TAKEN

e p—

P ) \M:?IVE FACE

PROME
Y|

P ————— ki
OPEN WATER

Fig. 4.2. Sketeh of the lauge oylindrical transducer showing neardield
probe and the position at which threedovel data were taken, (From rofes-
ence 7.)
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Fig. 4.3, Sample plots of 12tave neai-flold data showing the position of
the active face of the cylindrical transducer. (From reference 7.)
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FROM DATA TAKEN FROM DATA TAKEN
AT 1 LEVEL AT 4 LEVELS

* COMPUTED POINTS
-~ MEASURED PATTERN

Fig. 4.4. Comparison of measured and computed horizontal far-field patterns of the
cylindrical tansducer—12 active staves, (From reference 7.)

o COMPUTED POINTS
- NEASURED PATTERN

\
N

FROM DATA TAKEN WITH
LINE HYOROPHONE

Fig. 4.5, Comparison of measurod and computed horizontal
far-ficld patterns of the cylindrical transducer~12 sctive staves,
(From reference 7.)

Vertical patterns computed from nearficld data with the arrangement in -
Fig. 4.2 require data at closely spaced probe levels, Figure 4.6 shows pattorns -
computed from data at 27 levels and 11 lovels. Level separation in both cases -
was less than 0.8\ '

Transmitting response and absolute source levels computed by the DRL

meothod agreed within 21 dB with conventional far-field calibration measurements.

Baker also made moasurements on plane, dipole, line, and linc-and-cone trans-
ducers. Where there was disagreement with far-field measurements, it was of the
order of 1 to 2 dB on the main lobe and high side lobes of the pattern. Levels
on low side lobes, 20 dB or more below the axis level, gonerally were to inageu-
raze to use, However, the same is true for many conventional for-field pattern
measurements, Accuracy can be improved by closor spacing of the measurement
points and more complete scanning of the integration surface,

The DRL scanning technigque provides an added benefit of identifying sub-
normal elemonts in a multiclement transducer. Figure 4.7 shows the eifect of
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& COMPUTED POINTS
= MEASURED PATTERN

FROM DATA TAKEN FROM DATA TAKEN
AT 27 LEVELS AT 11 LEVELS

Fig. 4.6. Comparison of measured and computed verticul
far-fleld patterns of the cylindrical transducer—six active
staves, (From refesence 7,)

one inactive stave in the transducer shown in Fig. 4.2, A near-field pressure
anomaly usually will occur at the position of the subnormal element causing the
anomaly, This is not always true, however, and care must be used in interpreting
such effects. For example, two subnormal but identical staves separated by one
“normal stave could produce a near-field anomaly contered on the position of the
normal stave, -

Whon the DRL method is used with pulsed-sound techmquos, the dimensional
requirements of the volume of water probably approach the practical minimum,
Only the invention of an ideal anechoic coating that would eliminate boundary
[interference could reduce the volume still further, Figure 4,8 shows the dimen-
sions used by Baker. The tank diameter is loss than 3 times the transducer diameter.

- - 4.4 Trott Array Concept

In his first study of a feasible near-field téchniqum Trott89 observed that
the near- and far-ficld sound prossures produced by a large piston radiator were

" velgtod In the same way as the spherical-wave and plane-wave reciprocity param-

. sters (see Sections 2.3.1 and 2.3,5). It the same transducer is effectively a point
- on a spherical wave, as is assumed in a conventional spherical-wave reciprocity
‘calibration, or a plane on a plane wave, as is assumed in a planc-wave reciprocity
calibration, the free-field voltage sensitivity M will be the same in each case. The
transmitting response §, however, depcnds on tl*e mode and extent of the wave

propagation; Thus. '

M}s Splp = Syl | (4.5)

where J s the reciproci:yx parameter and the subscripts p and s pertain to plane
and spherical-wave conditions, respectively. The neur field of -4 large circular
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Fig. 4.7, Nearsfield pressurcamplitude data for 48 and 47 active staves of the
cylindrical transducer. (From reference 7.)

piston radiator consists essentially of a cdllimated beam of sound energy as
shown in Fig. 4.9. The average pressure p,.fin any cross-sectional near-field area
of the beam is constant, and thus the near field approximates a collimated beam
of uniform plane progressive waves, 10,11 By Eq, (4.5), the far-field pressute pye
from the same large circular piston transducer being driven by the same vurrent
as for pyy then is related to pyy:

Py o S udp o S
Al ol A A 46)

where », is the reference distance in the definition of S, A is the wavelength, and
§ is the cross-sectional arca.

With a similar argument and use of the cylindrical-wave reciprocity parameter
(sec Scction 2.3.4), the far-ficld to near-field pressure ratio for a line or thin
cylinder transducer can be shown to be Lry%/ry A%, where ry is the reference dis-
tance for the cylindrical-wave transmitting response and L is the line transducer
length.

As in the DRL method, the average near-field pressure was obtained with a
scanning and integrating technique using a point or line hydrophone,
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LINE HYDROPHONE

TRANSQUCER

THIN-WALLED
STEEL TANK

80~

WATER | AIR

¥

Fig. 4.8, Layout of the oylindrical transducer in the tank. (From reference 7.)




NEAR-FIELD METHODS

PISTON NEAR-FIELD
TRANSOUCER AVERAGE PRESSURE

Pnt
FAR-FIELD

i PRESSURE
> Pyt

Fig. 4.9, Near and far field of piston transducet; Sp = ppyf,
S‘ = pf’/L

The reciprocity parameter approach actually was equivalent to a special case
of the DRL or Kirchhoff-Helmholtz method. If we let cos § = 1 in Eq. (4.4), the
magnitude of the integral becomes

f f 2(Q)S = 20,yS, | %)

PP = oy = ( ;,’;‘;;)(2::..,8).

e “)

Equation (4.9) is the same a5 Eq, (4.6).

Instead of expanding from a special to the more general case of the Kirchhoff.
Helmholtz formula or the DRL method with its computational problems, Trott
took a different approach. He reversed the projector-hydrophone relationship
and visualized the scanning transducer as a point source that would, with integra-
tion over a period of time, construct a plane wave according to the classical
Huygens wavelet concept. If the plane scanning area were large enough, the
integrated sound pressure scting on the unknown transducer would be in-
distinguishable from the sound pressure in a plane progressive wave. The ques-
tion then is: How large is large enough? In attacking this question, Trott
dispensad with the scanning and computational integration entirely by conceiving
a large multielement array of small sources. As a projector, each element or
small source would produce Huygens wavelets, The elements would be both
small enough and widely spaced enough so that the array would be acoustically
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transparent. Then there would be no standing waves between the array and the
unknown transducer, nor would the near presence cf the array affect the radia-
tion impedance of the unknown. The element spacing would still have to be
0.8A or less for the array to simulate a uniform plane source. The array would
not he rigorously consistent with the Huygens wavelet concept, because it would
transmit in two opposite directions. Huygens’ principle imposes a directivity
function (1 + cos ) on each wavelet source—the same function as used in
Eq. (4.4). Such directivity can be designed into a transducer, but practical diffi-
culties outweigh the advantages of a unidirectional array.

An unknown transducer could be placed very close to such an array as shown
in Fig. 4.10. The array would simulate an incident plane progressive wave. Con-
ventional measurements then would be made with continuous-wave or pulsed-
sound signals with virtually no separation of the array projector and unknown
hydrophones. As in the DRL method, the whole electroacoustic system would
be linear, passive, and reciprocal, so the direction of signal propagation could be
reversed without invalidating the theory or the measurement data. That is, the
unknown could transmit and the array receive the acoustic signal.

Returning to the question of how large the array must be so as to simulate the
effect of an infinite array on an unknown transducer, we find that various
authors show how this can be answered if the hydrophone is small or effectively
a point.

Rayleigh's description!2 of Huygens’ principle states that a plane wave of in-
finite extent can be replaced by the area of the first half-wave Fresnel zone
(mA\xg) with the amplitude attenuated by the factor 1/m, insofar as the effect at a
point a distance xq in front of the plane is concerned.

Stenzell3 shows that the pressure on the axis of a circular piston source is
given by

2, . 0%
p = peue=hx - peye-k(rg *+ )7 (4.10)
where pe is the characteristic impedance of the medium, u is the vibration velocity
of the source, rg is the piston radius, and x is the axial distance, The first term
on the right-hand side of Eq. (4.10) represents the pressure in an infinite plane
wave with velocity amplitude u. The second term represents a signal that appears
to emanate from the cdge of the piston and interferes with the plane-wave com-
ponent, causing the near-field axial interference. If the edge diffraction or second
part could be cancelled out by superimposing an out-of-phase ring source at the
piston edge, the axial pressure in the near field would be uniform. A point
hydrophone on the axis then would be subject only to the effective plane.wave
component.

Uniform sound pressure in the near field on the axis is available directly with
two other radiator configurations. von Haselberg and Krautkrimer!4 have shown
that a plane circular radiator with the vibration amplitude distributed radially or
“shaded” according to a Gaussian function e=* produces a constant pressure on
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the axis in the near field. It also has no minor lobes in the far-field pattern.
von Haselberg and Krautkramer point out that the requirements for freedom of
the directivity pattern from minor lobes and freedom from undulation in the near
field seem to be identical. All evidence supports this relationship between the
near-field and far-field patterns, and Trott used this as a guide in developing his
array. In particular, this guide identified a line of points with binémial
- coefficient shading as another type of radiator with a smooth near field, It has
been known in radio antenna theory!S that a line of n point radiators, with half-
wavelength spacing, and the source strength of the points set proportional to
the coefficients of the binomial expansion (2 + b)*-!, has a pattern in the plane of
the line with no side lobes. It follows, then, that the axia! pressure in the near
field of such a radiator will be free of undulations. A line source would have
.two-dimensional spreading even in the near field, of course. The axial pressure
-would be inversely proportional to the squars ;oot of the axial distance.rather
than constant. To obtain ‘a constant field, the binomial line concept must be
extrapolated to a plane source. Unlike the Gaussian radiator that is continuous »
and infinite, the binomial line is discrete and finite, and a good basis for the real
array design discussed in the next section.
All of the theory here has been limited to the near-ficld pressure at.a point or
“on the axis. - The extension of the near-field uniform pressure to a volume large
enough to m.commodate a sonar transducer was the esseice of the Trott array
design.

4.5 Trott Array Design

The Trott Array designi6.17 is based on a replication of m number of line
arrays each consisting of equally spaced points with source strengths (or volume
velocities) proportional to the coefficients of the expansion of a binomial of the

n-th power. To take a simple example, if n = 2, the coefficients of the expansion
of (a+b)? are 1,2,1. A line consisting of three point sources, with relative source
strengths 1,2,1 and separated by half wavelengths will produce a smooth or non-
undulating axial sound pressure and its directivity pattern will not have any side
lobes. The pattern from any such binomial shaded ling is given by cos” ¢, where
¢ = (nd/)) sin 0, d is the element separation, and 0 is the pattern angle. When
d = N2, then ¢ =(r/2) sin 0. It can be seen that as 0 varies from 0 to 90°, cos ¢
decreases smoothly from 1 to 2ero, or the pattern has no side lobes, The function
cos" ¢ also will decrease smoothly from 1 to 0, and the pattern also will be free
of side lobes. The function will decreuse more rapidly and the beamwidth will
become narrowet us n increases.

To obtain pressure uniformity in a transverse direction, or off the axis, m
number of these basic binomial lines are figuratively placed side by side with the
separation . Then, using the acoustic superposition concept, the source
strengths at cach position are summed as shown in Fig. 4.11, whete m 26 is
used. The directivity pattern of m uniform points is given by Eq. (2.5) as
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(sin hch)/(m sin ¢). The pattern of the replicated line, according to the Bridge
-product theorem given in Section 2.11.1, is the product

- sinmo
y(l)) —nd ¢cos . (4.11)
The term (sin m@)/(m sin ¢) is zero whenever m¢ = 2m, 4, 6n, ... . The side

lobes as shown in Fig. 2.42 are rather high; consequently, the pattern given by

Eq. (4.11) will have side lobes also, but they will be reduced in amplitude by the

cos® ¢ term, This effect is shown for the case n =2, m=6,and d = AJ2, in
Fig. 4.12.

Vo2
U
to2
Fig. 4.11. Replication of 6 lines with binomial
Ve coefficlent thading for the power 2 and sum.
N mation of the coefficients.
L] 2 [}

Complete elimination of side lobes is not necessarily the optimal cordition for
obtaining maximum uniformity in the near field. Figute 4.13 illustrates how
small undulations in the axia) pressure can provide & larger region of uniform
pressure in practice, if small but realistic limits are placed on the uniformity.
Trott retained one small side lobe in the pattem, or small undulations in the
near-field pressure to extend the limits of his uniform-pressure volume. The ex-
tension effect applies to the transverse as well as the axia) direction. Optimizing
the values of m and a, 30 that the maximum plane-wave region is obtained with
the minimum sacrifice in pressure uniformity, is the principal design probiem
with the Trott artay,
~ The sequence of numbers describing the velauve source sirengths, as for

example 1,3,4,4,4,4, 3, 1 in Fig. 4,11, is refersed to as Trott's shading func.

tion. 1t usually is normalized 10 one so that the shading function from Fig. 4.11
would be given as 0.25, 0.75, 1.00, 1.00, 1.00, 1.00, 0.75, 0.25.

" The design of a plane array is obtained from the replicated line concept by
using the product of a horizontal and a vertical line. With the Trout shading func.
tion used as shown in Fig. 4.14, the source sicength of each elerment wn a plane

~ away is proportional 1o the product [f(x)] U/(¥)} , where f{x) is the shading func.

tion value in the hovizoatal disoction and S{y) is the valug in the vestical direction.
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- Fig. .12, Pauerns of radiaturs consisting of () a line of 3 poinus
- with haliwavelengih spacing and-shaded according te 1-2:] (the
- binomia) coefliclents for a power of 2), and with the pattern funcs
tion p{8) = cos? (Y tin 9), (b)a line of 6 uniform muwuu half-
. wavelongth spacing aad patters function :
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I £ix) and () were Gavssian functivns of the forsn =402 where k is a constant
and 7 is the radia! distance, this would tesult i an array with cirsular symmetty
of source steength,” For a Trott shading fum:tm. only appmmutc!y -.mcul:u
- symineliy i obtained.
Pror the seplicateddine deagu approach, the \Vulth of the umfrrm présiuge
voluie would be asiumed (0 cottespend at least approximately to the width of

the artay arca that was unshaded of had the waximuin and cousant shading




NEAR-FIELD METHODS

MAX‘—-i
=~ UNIFORMITY LIMITS
\T

AXIAL POSITION ——

‘Fig. 4,13, Typical pressure on the axis of a circular piston that has a far-field
directivity pattern with no side lobes (solid line) and with small side lobes
(dashed line),
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Fig. 4.14, One quadrant of a plane array in which the source strength
of each clement is proportional to tho produot {f(x)] [f ()],
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coefficient of 1.00. Experience has shown that if a uniformity criterion of
%1 dB is used, the uniform-pressure region extends outward to the 0.80 shading
coefficient position. The width of the unshaded region is given in units of ele-
ment spacing d by (m — n), provided that n is not too large. Forn =7, the
smallest binomial coefficient is 1/35th of the largest. For n = 10, the smallest is
1/252nd of the largest. These small coefficients make negligible contributions
to the constant shading function in the center; conseqently, the width of the
unshaded region is given by (m —n) or (m — 10), whichever is larger. It does not
necessarily follow that n never is larger than 10. The contour of the shading
function as it decreases from 1.0 to zero determines how completely the edge
diffraction, or second term in Eq. (4.10) is canceled out. Lysanov18 has shown
that for a straightedge, this contour is all important. The contour of the shading
function outside of the constant region in the center is a function of n alone
(see Fig. 4.11 for example), and the small peripheral binomial coefficients for
large values of n can affect the contour.

The depth of the uniform-pressure region generally is greater than the width
for any practical case of the Trott array; therefore, the region depth requirement
does not affect the design. Trott has found experimentally that the depth is
approximately »2/A, where  is as shown in Fig, 4.15,

EQUIVALENT EQUIVALENT
PISTON RINGS

n.oo-r—j -—"T—"-"“ﬂ‘
l
|
|

SHADED
AMPLITUDE
N
Ko

osp
o U
1600 100 097 O0m 030 o0 003

Fig, 4,15, Blement shading for m = 9 and » » § and aquivalent
uniform piston and voncentrie ving configuration. Nutnbers in tings
are proportional to ring source steength density.
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It has been assumed in the concept and design theory up to this point that the
element spacing is equal to a half-wavelength. Trott determined the useful band-
width of an array, as well as the optimal values of m and n, by calculating the
sound pressure at the center of the array. It was assumed that the maximum vari-
ation in sound pressure amplitude in the near field of a circular radiator was on
the axis or in the center near the radiator. This assumption is supported by the
theory of Stenzell3 and Lysanov.18 Trott used the mathematical model illus-
trated by the drawing in Fig. 4.15 as the basis for his calculation. The array was
assumed to be equivalent to a uniform piston radiator with a radius equal to the
distance from the center to the element position with a shading value of 0.50,
plus a series of concentric ring sources superimposed on this piston. The source
strength of the ring was selected so that, where the ring and piston overlapped,
the total source strength density was equal to the shading coefficient. For the
inner rings, this requires a negative inner ring source strength. In this computa-
tional approach, the rings are intended to cancel the edge diffraction from the
piston, as was suggested by Eq. (4.10). Trott shows that the normalized pressure
at the center for an array where #n is odd, r is the piston radius, and w,, is the
source strength density of the n-th rings, is ‘

p = sin kr + j(cos ¥ikd — cos kr — 4w, sin %kd sin kd
=dw, sin Y%kd sin 2kd = 4wy sin Ykd sin 3kd—~...). (4.12)

For n even, r is taken as the radius to the point half way between the elements
with the shading value 0.50 on either side, and the pressure is

p = sin kr+ j{1 = cos kr= 4w, sin Yakd sin (Ykd)
=4w, sin %kd sin 3(%kd)
-=4wy sin %ekd sin S(%kd) ~...). (4.13)

Figure 4.16 shows plots of p computed with Eq. (4.12) for n = § and several
values of m. The plot is symmetrical about the idealized value d = 0.5\, From
curves as in Fig. 4,16, Trott selected optimum values of m and n. Figure 4.16
shows, for example, that, among the curves plotted, m = 9 gives the maximum
bandwidth, if a uniformity limit of £1 dB is acceptable.

A more direct approach is possible if one has access to a lasge computer. The
noar field of an array can be computed on a point-by-point basis for a variety of
values of m and n. This has been done.19 and Fig. 4.17 is typical of some of the
results, The computations show that pressure amplitude uniformity within
5% is attainable over haif the width of the array at the low end of the frequency
range. Phase measurements generally show phase uniformity within £5° over an
area greater than that for amplitude uniformity. :
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m SHADING FUNGTIONS
5 0.03,019,0.5,0.81,0.57 |0.97, 0.81,0.5,0.19,0.03
7
9

0.03,0.9,0.8,0.81, 0.67,1 11,0.97,0.81,0.5, 0.19, 0,03
0,03,049,0.5,0.81,0.97, 1,1 | 1,1, 0.9, 0.81, 0.8, 0.19, 0.03
1 0.03,0.19,0.5,0.8,0.97 1,1 1,1,1,0.97, 0.81,08, 0.9, 0.03

Fig. 4.16. Relative sound pressure level at the center of shaded
circular-symmetry area arrays, computed from Eq, (4.14).

Trott has determined from experience that (1) the width and height of an
array should be twice that of the transducer to be immersed in the near sound
ficld and calibrated, (2) the minimum number of elements is set by the 0.8
spacing requirement at the highest frequency, (3) the minimum or cutoff shading
coefticient, below which peripheral elements can be deleted, is 0.03, and (4) the
source strength of the elements half way from the center to the edge should be
between 0.94 and 0.98, and the edge of the uniform piane-wave region varies
from the position of these elements to those of 0.80 source strength, depending
on how “uniformity” and “cdge" are defined.

The sequence of steps in selecting a shading function is illustrated by the
following example, Suppose it is desired to obtain a uniform plane-wavo area
127 by 12X, From the upper frequency limit criterion that the element spacing
should be d = 0.8\, the constant-pressure region or constant-shading function
dimension is obtained: 12M/0.8\ = 154, The total width then will be twice the
constant-pressure region, or 30d. The total width also is given by m + .
Thus

m + n = 30, (4.14)
and

m=~n =15, (4.15)
From these equations, m should be 22 or 23, and # 3 7. These actually are rules

of thumb, ana various combinations near these numbers should be examined as
in Pigs. 4.16 0; 4,17,
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The shading functions are conveniently available from tables of the partial
sums of the binomial probability distribution for r occurrences in # independent
trials when the probability in any single trial is %.

The n in these tables corresponds to the binomial power n used in array design.
The r corresponds to the shading function term, with the largest » corresponding
to the smallest term. For example, from pages 199 and 200 of reference 20 for a
probability of 0.50, and n — 5, the five terms are given as 0.03125, 0.1875,
0.5000, 0.8125, and 0.9687, When these numbers are rounded off to two sig-
nificant figures, the results are as shown in Fig. 4.16. As noted previously, this
part of the shading function is independent of m.

Figure 4.18 shows the first near-field array designed by Trott, the USRD
type H33-6. It consisted of 140 capped PZT4 ceramic cylinders, each % in. in
diameter, % in. long, and 1/8 in. wall thickness. The cylinders were spaced 10 cm
apart in oil-filled tygon plastic tubes, also spaced 10 cm apart. The elements are
electrically connected in parallel, and shading is provided by series-connected
capacitors functioning as voltage dividers. The acoustical resonance frequency is
70 kHz—well above the 4-12 kHz range in which the array is used. The ceramic
elements thus function as electrical capacitors and mechanical springs. The
array is 112 cm square and mounted between wire screens for electrical shielding.
The four corner elements of the square were deleted. The shading is based on
m=9and n =3, selected on the basis of Fig. 4.16. Figure 4.19 is a sound field
contour map of the measured relative pressure amplitude in the near field at the
center frequency. The width of the uniform pressure region is 60 to 70 cm,
whereas the unshaded dimensions of the array, given by (m — n), is only four
spaces or 40 cm. Part of this extended field is due to the somewhat arbitrary
definition of uniformity. The element shaded by 0.97 is within 0,5 dB of 1,00
and one would for this reason expect uniformity within £0.5 dB to extend
beyond the unshaded element positions. The width of the region uniform within
+1 dBextends to about the position of the 0.80 shaded element. A second reason
for the extended uniform field is the effect illustrated by Fig. 4.13—that is, the
deliberate inclusion of small far-field pattern side lobes or small near-field
pressure undulations.

Figure 4,20 and Table 4.1 show calibration data obtained with the H33-6 array
and with conventional far-field techniques. The near-field data actually appear
more consistent and reasonable than the far-field data. Both Baker and Trott
came to have moroe confidence in their near-field measurements than they did in
far-field measurements.

Figure 4,21 shows Trott’s second array, USRD type H33-10, It consisted of
21 vertical and parallel lines. Each line was 10 ft long with 26 elements 4% in.
apart.

The shading was based on m =11 and n = 5. Vertical shading is designed into
the elements in each line, and horizontal shading is applied to the complote lines.
The separation between lines is adjustable, and this provides some adjustment of
the frequency range for transducers, such as a horizontal line, that are wide but




NEAR-FIELD METHODS ’ 215

Fig. 4‘13. Trott near-{ield array type H33+6.
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Fig. 4.19. Near sound field of the H33-6
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Fig, 4.20. Directivity patterns measured on the same transducer by farfield and ncar-
flold methods,
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Table 4.1. Free-field voltage sensitivity (in dB re 1 V/ubar) of cylin-
drical transducer measured through beam-forming network.

Measured in Measured in
Freq. far field niear field

(kHz)

Meas. 1 Meas. 2 Meas, 1 Meas. 2

-120.5 -119.7 -121.1 -121.0
-117.1 —-115.8 -116.9 -116.9
-112.0 -110.8 -111.8 -112.0
-106.9 -105.3 ~-106.3 —~106.5
-101.1 -99.6 -100.6 101.1
-95.0 -93.2 ~94.4 -95.3
-89.1 -87.6 —-88.9 ~89.7
=95.7 | 947 -97.2

l

Fig. 4.21, Trott near-tleld arcuy type H33-10,
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not high. The useful frequency range is 1.5 to 10 kHz. The near-field pressure is
uniform § ft in the vertical direction, and 4 to 14 ft in the horizontal direction,
depending on the line separation. Some design details of the elements and lines
are shown in Figs. 4.22 and 4.23. Where the shading coefficients were near to
1.00 and very large series capacitors would be needed, shading was accomplished
instead by removing part of the electrodes on the ceramic elements. (More
design detail is available in reference 17.)

Figure 4.24 shows a very large near-field array designed for calibrating large
sonar transducers at the Lake Seneca Facility of the Naval Research Laboratory.

e, XY
I e g

-E%I-

Fig, 4.22. Construction dotails of near-ficld array line transducer type H33-10.

03" DIA. WIRE

Fig. 4.23. Construction dotails of element type H33-10,
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This array, designed by Hanish!9 after the technique of Trott, contains 2500
clements in a 50 x 50 configuration, with 8-in. spacing covering an area 33 ft
square. A shading function based on m = 37 and n = 49 was used. The uniform-
pressure region has been measured as approximately 19 fl in diameter and 40 ft
in axial depth at 3.5 kHz. The useful frequency range is 1 to 6 kHz.

XXT) L] Pp—
Hy, i
i

Fig. 4.24. Hanish near-field aeeay for the NRL Luke Seneca Facillty.
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4,6 Calibration Methodology

The DRL method requires the use of a calibrated probe hydrophone for a
direct measurement of the pressure amplitude and phase. These are inserted into
Eq. (4.4) as p(Q) in the form |ple-/%, where§ is the phase angle in radians. The
phase angle is measured against an arbitrary reference signal. To avoid errors
caused by instability in the electronic oscillator that generates the transducer
signal, the reference phase signal should be the input signal into the transducer.
In addition to |ple/®, various dimensions and angles must be measured to obtain
p and 7 in Eq. (4.4). The value of r cannot be approximated as a constant in a
phase term like e-/kr, The speed of sound and the frequency must be known to
obtain the wave number k = w/c. The computation with Eq. (4.4) yields the far-
field transmitted sound pressure in absolute terms so that the source level or
transmitting response can be determined, or in relative terms so that a directivity
pattern canbe drawn. (Source level is a measure of the output pressure of a sonar
projector at the distance one meter without reference to a projector input
parameter like voltage or current.)

The electroacoustic system used in the DRL method can be linear, passive, and
veciprocal, Theoretically, the scanning probe could be a calibrated projector and
the unknown transducer could be the hydrophone. Equation (4.4) could be
modified to yield a free-ficld voltage sensitivity. This technique is not used because
of practical difficulties in obtaining and using a calibrated probe projector. In
any case, it would be easier to verify that the unknown transducer is reciprocal
in some other independent measusement, and then compute the free-field
voltage sensitivity from the transmitting curcent response and the spherical-wave
reciprocity parameter.

The methodology for the use of the Trott array is essentlally the same as that
for conventional measurements discussed in Ssctions 2.2.1 and 2.2.2. The free-
field voltage sensitivity M, of an unknown transducor is obtained by a simple
comparison calibration. The Trott array is used as a projector. The unknown
and a calibrated standard hydsophone are immessed, in tugn, in the uniform plane
progressive wave in the near field of the array. Then.

M = (H)e, . e

where My is the free-fleld voltage sensitivity of the standard, and ey and e, ate
the opencireuit output voltages of the standard and the unknown, respectively.
If the unknown transducer is large and the standard hydrophone s small, ey
should be measured at several positions in the array near field and an average
used. Ropetivive averaging can be avoided by establishing 4 nearfield plane.wave
transinitting curtent response S, of the Trott arcay by probing the near fiem
with a standard hydrophone of sensitivity M.
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Sy = ”.’” , 4.17)

iq

where i, is the input current to the array. Then, if the array is used as a standard
projector,

= _Ex
* = 5 (4.18)

If the unknown transducer is recipracal, its transmitting current response S,
can be obtained by measuring M, and computing S, from the conventional
spherical-wave reciprocity relation M,/S, = J; = 2dM/pc (sec Fig. 3.70). Asin
conventional reciprocity measurements, the reciprocity check discussed in
Section 2.3 can be used to determine whether the unknown transducer is
reciprocal, That is, the unknown can be driven with current i, and the array
output voltage e, measured. Then, if eq/iy = eyfiq, both transducers are
reciprocal.

If a nonreciprocal source is being calibrated, the transmitting current response
Sy is obtained from Trott's cquatioal? -

T A
Sy OV (4.19)

The product S4J, is equivalent to an array receiving sensitivity that can be
mathematically defined as Mg = 5,4/, Equation (3.19) then would become

( 2 _
' Sx L -;%E-n E (4;20)
%

- and have the same form as Eq.(4.17). The arzay then would be used as a standard
hydiophone with seasitivity M. Trott stopped short of this step because the -
vesbal dedinition of M, is awkward and wight sause confusion rather than dazis -
fication. The verbal definition of M, is: The rativ of the apen-circuit output
voltage of the aray to the far-ficld sound prossune, apparent at one mater,
emanating from a source located within the planewave noarfinld region of the
attay. :

Fiom the foregoing it is evident that aiter the Trott ariay is designed and
built, 3, isimeasuted, and 3,7, o M, is computed, the calibration methodology

- is the saine as for conventional fardield mcasurancnts. This s & major advantage
of the Trot artay method. '

An uplion of the Teott atray techaique 15 available for unknown transducers
of uegligible width=that is, poiats or Lnes. If e Trott azray is vedused o a
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single shaded line, it will transmit uniform cylindrical waves in the near field.
The pressure in the near field will be uniform along a line parallel to the shaded
line, and will decrease at the rate 3 dB per double-distance in the direction of the
axis of the line projector. A small or “point” hydrophone or a line hydrophone
oriented parallel to the shaded line projector will be subject to uniform sound
pressure. This arrangement will discriminate against interfering reflections from
the top and bottom, if the line is vertical, more than it will against reflections
from boundaries in the sideways direction, Directivity patterns cannot be
measured with the single line projector, so the technique is limited to sensitivity
measurements on point or line hydrophones. The near-field transmitting current
response Sy, of the shaded line is measured by probing the near field with a cali-
brated hydrophone. Unlike S, Sy, is a function of the distance from the pro-
jector,and a reference distance must be specified. Departures from the reference
distance must be accounted for by a 3-dB-per-double-distance correction. Except
for the distance specification, Eqs. (4.16), (4.17), and (4.18) can be used, if S,
and f; are substituted for S, and iy. Point and line transducers usually are
reciprocal and their transmitting responses can be obtained from the computa-
tion S, =M, /Js.

4.7 Applications and Limitations

The near-field method of calibrating, testing, and evaluating transducers has
various limitations. The usefulness of the method in general and the choice
between the DRL technique or Trott array in particular depends to a large extent
on the applications of the measurements and the relative importance of the limi-
tations. Research and development measurements in a laboratory, quality con-
trol measurements in a factory, and post-repair measurements in shipyards, for
example, have quite different requirements. The factors affecting the choice of
a near-field method are discussed in the paragraphs that follow.

The practice of both the DRL and Trott array methods includes certain
approximations. One, that points separated by 0.8\ or less approximate a con-
tinuous plane, is common to both methods. Others apply to only one of the two
mnethods,

The assumption that the pressure and pressure gradient arc rolated by Eq.
(4.2) has been cited as the weakest link in the DRL method, It may be the
reason for some of the errors in pattern measurements at angles well off the main
beam. More important, the method itself provides no ¢lue as to the magnitude of
any errors due to the approximation of Eq. (4.2),

The Trott array method also contains approximations like the assumption of
circular symmetry. Howeer, the Trott array design can be tested by probing
and mapping the near fic . The magnitude of errors due to approximations or
design and construction imperfections therefore can be meusured. For example,
the 33-ft lines used in the array shown in Flig. 4.24 ware designed originally as
three 11-ft lines connected together. Even though the connecting flanges were
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small and designed to be acoustically invisible, they perturbed the sound field,
The reason never was ascertained, but a change to single continuous 33-ft lines
removed the perturbation,

The near-field method was developed primarily to save space, and this is the
major and general advantage of the method. The need to save space arises from
two requirements. The first, discussed in Sections 3.2 and 4.1, relates to
minimizing interference from the boundaries of small bodies of water. The
second relates to the importance of maintaining a known relative orientation and
spacing between the projector and the hydrophone in any electroacoustic
measurement. At large and deep inland lakes or ocean sites, floating platforms
must be used to support the transducers. If full advantage of the potentially
good free-field conditions is to be realized, the transducers must be fairly far
from the surface. In practice, this usually means depths of 100 ft or more. Then,
if projector-to-hydrophone separations of 100 ft or more are used, it becomes
very difficult to maintain a fixed orientation of hydrophone with respect to pro-
jector. The instability of the platform and the medium and the nonrigidity of
mechanical linkages can cause significant errors in the relative positions of the
projector and hydrophone. These errors are minimized by suspending the pro-
jector and hydrophone together as one integrated unit. The shorter the
projector-to-hydrophone separation is, the more feasible and effective such a
suspension becomes. For this, a near-field method and arrangement then has an
obvious application.

Both near-field methods save considerable amounts of space. The DRL inethod
has a small advantage in this respect over the Trott array. The integrating surface
in the DRL method can be wrapped closely around the unknown transducer,
whereas the Trott array is a plane surface about twice the width of the unknown
transducer. There is no theoretical reason why Trott arrays must be plane, but
this is as far as the current theory and practice have been carried,

The DRL method pays for its space-saving advantage with less configurational
flexibility, That is, transducers of differen: shapes require different integrating
surfaces, if the surface is to be wrapped closely around the transducer. A Trott
array accommodates any transducer shape. The intograting surface of the DRL
method has been likened to a raincoat; that of the Trott array methed, to an
umbrella,

The near-field method is most useful for calibrating farge transducers in the 1
10 10 kHz frequency range. The high-frequency hmit is sot by the 0.8X separa.
tion of Trott array elements or DRL probe positions. Also, the ariay elements
or DRL probe hydrophone must be small enough so that they are acoustically in-
visible (maximum dimensions of about 0.1X). The near-field technique could be
used at low ultrasonic frequencies, but there is little advantage at these fre-
Quancies over other methods,

“There is i lo\wfnquumy lint 1o the method jtself, Beolow 1 kHz, however,
directional transducers become gigantic, and both the DRL scanning mechanism
and the Trott urray would have to be correspondingly large. However, with
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wavelengths of 5 ft and longer, the probe or array element position separations be-
come large and need not be very exact. This, in tumn, would allow more flexibility
in the scanning system or array design.

The DRL probe scanning arrangement probably is more easily adjusted to
different dimensions than the Trott array is, and therefore has more flexible
frequency limitations.

The Trott array produces a direct read-out in essentially real time. It is com-
patible with conventional measurements. Once the array itself is available, no
other special equipment or personnel training is necessary.

The measurements and computations of the DRL method are sequential. The
output thus is not immediately available. However, the sequential technique °
provides a point-by-point examination of the sound field that is useful for
diagnostic purposes.

The DRL method is very specialized in that it is completely different from
conventional techniques and requires special procedures and personnel. Where
flexibility is important, this is a disadvantage. Where measurements and trans-
ducer configurations are repetitive, flexibility is not important, and no dis-
advantage obtains.

Scanning by the DRL probe requires more complicated mechanical engineering
than the mere rotation of the unknown transducer. Such scanning presents some
mechanical engineering problems when it must be remotely controlled, as in a
closed high-pressure tank or at the end of a long suspension,

The DRL method requires initial major investments in the mechanical design
and construction of the probe scanning system, a modest amount of electronic
signal-generating and measuring equipment, and the programming and use of an
electronic computer. All are matters of relatively conventional mechanical and
electronic engineering, and computer technology.

The Trott array also requires a modest amount of conventional electronic
cquipment. But this would already be available in a conventional calibration
facility. The main investment is in the design and construction of the array
itself, which is an uncommon and sophisticated transducer engineering task.

In summary, the DRL method has the advantages of minimum space, fre-
quency range floxibility, applicability to repetitive measurements, capability for
sound field diugnosis, and conventional enginecring. The Trott array has the ad-
vantages of direct read-out, transducer configuration flexibility, testing of theo.
retical approximations, compatibility with conventional measurements, and
suitability for remote control,
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Chapter V
MEASUREMENT TRANSDUCERS

5.1 Introduction

To select the right transducers for a measurement, the user must know the
basic characteristics of the various available types and the advantages and
limitations of each. After the general type has been chosen, he must know
how this particular type of transducer will operate under the conditions
that it will be subjected to. Too often a novice will attribute characteris-
tics to a transducer that are not warranted. A calibrated standard hydro-
phone, for example, cannot be compared with other calibrated measuring in-
struments like thermometers, clocks, voltmeters, or barometers in either accuracy
or stability. Often, the ranges of frequency, hydrostatic pressure, and tempera-
ture in which a hydrophone is used are quite large. A calibration is valid only
within specified ranges of these variables, and the sensitivity usually cannot be
extrapolated. Failure to understand the directional characteristics of transducers
also is common among novices, who often will assume that a transducer is
omnidirectional,

Measurement transducers consist of (1) standard hydrophones, (2) sound
sources or projectors, and (3) other specialized transducers,

The primary requirements of a standard are stability and linearity. The sen-
sitivity of an ideal standard hydrophone wouid be independent of time, fre-
quency, and the environmental conditions--particularly hydrostatic pressure
and temperature. A sensitivity that is independunt of direction or orientation
sometimes is desirable, but at other times, it is not. In practice, a period of one
year, a frequency bandwidth of 2 decades, and stability within £1 dB for pres-
sures to a few thousand psi and temperatures between 0 and 40°C are possible.
The linearity of standard hydrophones is limited more by associated amplifiers
and transformers than by the electroacoustic generator.

The function of a projector usually is merely to produce a useful and control-
lable sound field in the medium, In calibration measurements, as ir: commercial
audio engineering, high fidelity is desirable. Th. is, the transmitting rosponse
should be uniform in a wide band of frequencies. Efficiency is of secondary im-
portance. Stability over a period of one measurement—say only a few days—is

necessary.
227
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Special measurement transducers are those designed to megt some special
purpose. Pressure-gradient hydrophones or dipole projectors, for example, have
patterns that are particularly useful in some measurements (see Section 2.12).
When very high sensitivity or response is needed, it can be obtained at the ex-
pense of the wide bandwidth by using resonant transducers. High projector re-
sponse also can be obtained, if linearity is sacrificed. A very important class of
specialized transducers are those known to conform to the electroacoustic reci-
procity theorem (see Section 2.3).

Since the Fessenden oscillator! produced continuous acoustic signals early in
this century, thousands of underwater sound transducers have been invented,
sometimes discarded, and sometimes reinvented. The widely ranging require-
ments for transducers in underwater acoustics and the development of new mate-
rials have prompted myriad designs through the years.

Practically all the measurement transducets in common use today are of the
piezoelectric crystal or ceramic, magnetostrictive, and moving-coil types. Variable-
reluctance, electrostatic, hydrostatic, mechanical and electrical motor, spark,
pneumatic, electrokinetic, and electronic transducers all have been used for gen-
erating or receiving sound in water, but rarely are they used as standards, and
they are not considered as such here.

5.2 Sensitivity and Response versus Frequency

The principal difference between measurement transducers and others used for
navigation, communication, target location, and .so forth is in the response or
sensitivity-versus-frequency characteristic. Very wide band response iz of major
importance in measurement transducers, Some hydrophones have bandwidths
of as much as 4 decades! The term bandwidth does not have a precise meaning
when applied to measurement transducers, as it does in connection with filters.
It generally means the useful frequency range.

The useful frequency range is determined by (a) the response or sensitivity
level, (b) the electrical impedance of the transducers, (c) the mechanical limita-
tions of the transducer, and (d) the contour of the response or sensitivity-versus-
frequency curve, Limitations (a) and (b) are related to each other and to the
conditions of measurement—particularly the acoustic and electrical noise levels.
Consequently, these limitations are flexible, and there are no simple rules for
minimum useful response, maximum useful impedance, and so forth. It can be
noted, however, that a free-field voltage sensitivity of =120 dB referred to one
volt per microbar is very low, and a sensitivity of =140 dB usually is too low to
be useful in conventional electroacoustic measurements.

A satisfactory response level alone does not insure the usefulness of a projec-
tor. Piezoelectric projectors in particular are limited at low frequencies by the
high electric impedance. The voltage necessary to drive a current of a few milli-
amperes through a small crystal arvay, for examplo, may be so high that arcing

. ocgurs,
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In other projectors, the elastic or linear limits of the electroacoustic material
or such mechanical parts as springs may be exceeded at signal levels necessary
to produce useful pressure levels.

Limitation (d) is one that can be examined in detail. The theoretical sensi-
tivities and responses of measurement transducers generally are known functions
or frequency. That is, the general contour of the sensitivity-versus-frequency
curve (or response) is predictable; however, the fine structure of the curve is af-
fected by spurious resonances, reflections, and diffraction effects, and by real
conditions that fail to approximate theoretical assumptions closely. Rigid
boundaries is one common example of the latter.

The analog circuits shown in Fig. 5.1 can be used to analyze hydrophone
sensitivity as a function of frequency for simple and idealized cases. Several
important simplifying assumptions are used. It is assumed that the vibrating
elements are equivalent, mechanically, to a single damped spring and mass. In
practice this means that in an array all the elements are identical, and that all
dimensions of the elements are small in comparison with a wavelength of sound
in the element material and in water. The latter is a “lumped-parameter,” as
opposed to a “distributed-parameter,” assumption, It is assumed also that the
transducer is small enough so that the radiation, or water load, impedance can be
neglected—that is, the characteristics of the medium do not influence the vibra-
tory motion. At low frequencies, the radiation impedance consists of a resist-
ance and mass. Neither of these is a constant, and they cannot be combined with
the constant R and m in Fig. 5.1.

The analog circuit of a piezoelectric hydrophone is shown in Fig, 5.1a and
of a moving-coil or magnetostrictive hydrophone in Fig. 5.1b. The two circuits
are different because of the inherent difference between the two transduction
principles.

It is evident from Fig. 5.1a that for piezoelectric hydrophones,

foe o 04
b " T ¢

At all frequencies except perhaps near resonance, wC,¢22Z,, >> 1, and the
sensitivity is inversely proportional to wZ,,. Figure 5.2a is a plot of Eq. (5.1).
At low frequencies, where 1/jwC >> (R + jwm), the sensitivity is constant. At
the resonant frequency, where jwm = 1/jwC, the sensitivity peaks. Above reso-
nance, where jwm >> (R + 1/jwC), the sensitivity rapidly falls off with a slope
inversely proportional to the square of the frequency. About an octave above
resonance, the assumption of a lumped-paramoter system no longer is valid, and
a distributed-parametor or transmission-line analysis must be used. Above reso-
nance, the curves go through a series of resonances and antiresonances, and for
this reason hydrophones are not suitable for use as standards above resonance,

From consideration of reciprocity, it can be shown that the transmitting cur-
rent response curve will have the same contour as the free-field voltage sensitivity
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Fig. 5.1a. Analog circuit of a small piezoelectric hydrophone; ¢, is the open-
ciccuit volitage, p is the acoustic pressure, C, is the electrical blocked capaci-
tance, C is the short-circuit compliance, m is the effective mass, R is the
mechanical resistance, ¢ is the electromechanical voltage/force conversion
factor, Z,, is the mechanical impedance, and A -is the diaphragm area.
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Fig. 5.1b. The analog circuit of a small moving-coil or magnetostrictive hydrophone; e,
is the open-circuit voltage, p is the acoustic pressure, u is the diaphragm velocity, R, is the -
olectrical resistance, L is the blocked inductance, C is the open-circuit compliance, m is the
effective mass, R is the mechanical resistance, y is the electromechanical voltage/velocity
conversion factor, and 4 is the diaphragm area.

except that it will have a 6-dB-per-octave greater slope, or be proportional to en

additional power of frequency. Consequently, a typical transmitting response

curve for a piezoelectric projector will look like the dashed line of Fig, 5.2a.
It is evident also froin Fig, 5.1b that

foe o vd Ty 52)
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Thus, for moving-coil and magnetostrictive hydrophones, the sensitivity e,./p is
inversely proportional to the mechanical impedance. Figure 5.2b is a plot of
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Fig. 5.2a. Piezoelectric transducer; freefield voltage sensitivity M =e,q/p
(solid line) and transmitting current response S (dashed line) as a function of

angular frequency.
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Fig. 5.2b. Moving-coll and magnetostrictive transducer; frec-fleld voltage sensitivity
M (solid line) and transmitting current zosponse S (dashed line) as & function of
angular frequoncy.
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Eq. (5.2). Comparing Figs. 5.2a and 5.2b shows that the curves in the latter
have an additional 6-dB-per-octave slope.

From Fig. 5.1, it can be seen that the best way to obtain a frequency-inde-
pendent sensitivity—that is, one with a flat curve-is to use a piezoelectric ele-
ment below its resonant frequency. This is one reason why wide-range hydro-
phones contain small piezoelectric generators with high resonant frequencies.

From Fig. 5.2, it would seem evident also that the best way to obtain a
frequency-independent transmitting current response would be to use a moving-
coil or magnetostrictive transducer above its resonant frequency. This is a valid
conclusion for a moving coil, but not for a magnetostrictive transducer. In these
curves, it has been assumed that the transducer elements are of dimensions small
in comparison with a wavelength in water. Thus, to obtain the flat response
characteristic, one needs a projector that is small and that resonates at low fre-
quencies. Moving-coil transducers can be built with diaphragms a few inches in
diameter and with resonant frequencies of about 100 Hz, where the wavelength
in water is 50 ft. Magnetostrictive transducers, like piezoelectric transducers,
are what Woollett2 calls “body force™ transducers, in which the electromechanical
forces are generated throughout the material. Consequently, such transducers
resonate at frequencies that are inversely proportional to the transducer size.
Despite various design innovations, it still is not possible to build resonant magne-
tostrictive transducers that are very small and also resonate at very low frequen-
cies.

At ultrasonic frequencies, piezoelectric or magnetostrictive projectors are
most feasible. Comparing piezoelectric and magnetostrictive transducer trans-
mitting current response curves below resonance in Figs. 5.2a and 5.2b shows
that the piezoelectric type is the more nearly constant with frequency. Con-
sequently, in practice, moving-coil projectors are used at audio frequencies and
piezoelectric at ultrasonic frequencies,

The electrical impedance of a piezoelectric transducer decreases, and the im-
pedance of a moving-coil or magnetostrictive transducer increases, with increas-
ing frequency, Therefore, the slope of the transmitting voltage response curve
of the piezoelectric projector will be greater than in Fig, 5.2a, and the slope of
the moving-coil or magnetostrictive curve will be less than in Fig. 5.2b. See, for
example, Fig. 5.31,

Real calibration curves seldom look like the idealized curves in Fig. 5.2. The
dashed lines in Fig. 5.3 illustrate some of the more common effects on the free-
field voltage sensitivity of a piezoclectric hydrophone. The resonant peak is
damped by the electrical, mechanical, or acoustical resistance. Spurious res-
onances may appear. At some very low frequency, the capacitive reactance of
the crystals or ceramics will become larger than the resistivity of, or the leakage
rosistance around, the crystal. The time constant of the RC circuit will be
shorter than the fundamontal period of the signal, and the charge on the elec-
trodes will leak off faster than tho instantaneous signal amplitude changes. This
causes a 6-dB-per-octave roll-off of the sensitivity.
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Fig. 5.3. Typical effects of resonant damping, diffraction, spurious resonances,
and leakage resistance across the piezoelectric element on hydrophone sensitivity.

Spurious resonances and various resistances can be controlled to some extent
by good design. A more complicated effect over which a designer has little
control is the diffraction, also illustrated in Fig, 5.3.

A diffraction constant D) was defined in Section 2.2.3 and by Eq, (2.4) as the
ratio of the average blocked pressure p, acting on a hydrophone to the free-field
pressure py. That is,

By,
D=3 (5.3)

The term “diffraction” is used in a very broad sense in the definition of D.
It pertains to all types of wave and signal interference associatod with a transducer.
This includes the conventional reflection and scattering of waves by an obstacle.
It also includes interference when there is no obstacle. For example, a trans-
ducer could consist of two probes, each so small as not to disturb a passing wave.
The diffraction constant for each individual probe would bie one, but the diffrac-
tion constant for the combination could be anything from 0 to 1 because the
signals at the two probes could be out of phase with each other, The diffraction
constant is determined by the same phenomena that shape the receiving direc-
tivity pattern, and it is a function of the angle of incidence of the oncoming
sound wave. As with patterns, there is a reciprocal relationship between the dif-
fraction constants for the receiving and transmitting conditions. It has been
shown3 that for the transmitting case, D is the ratio of the pressure produced by a
transducer at a remote point in a free field to the pressure produced at the same
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point when a simple or very small spherical source with the same volume velocity
is substituted for the transducer. The relationship between D and other radia-
tion parameters is given by3

= RR3411’

2
D %2pc

(5.4)

where R is the radiation resistance, Rg is the directivity factor, k is the wave
number, and pc is the specific characteristic impedance of water.

The values of D for some common but idealized transducer shapes as cal-
culated by Henriquez4 are shown in Fig. 5.4. The value of D for other shapes
can be inferred from these curves. For example, the curve for a cylinder of
finite length would fall between the curves for the infinite cylinder and the ring.
For a piston of any shape in a rigid infinite plane baffle, D is 2, or +6 dB.

| ')
Dozt [t (n)ﬂ
{CYLINDER)

W
8
e
I
]
W
Q
R
8
2
a

'|SPHERE) Tﬂmm‘
O Elw)'ol]' t

o4 L0 10 100
ko

Fig. 5.4. Diffraction constants; @ {s the radius of ring, sphere, oylinder, oz piston; plane
wavefront {s parallel to long axls of cylinder or face of piston, and perpend!<illar to plasw of
ting; k = 2af/c, where f is the frequency in He and ¢ is the speed of sound,

The designer has relatively little control over the diffraction constant because
the directivity pattorn usually is specified. Since tihe diffraction constant and
directivity pattern depend o the samo interference phenomena, spe ifying one
fixes the other.
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5.3 Piezoelectric Transducers

The term piezoelectric is used for both the true single crystal like Rochelle
salt, quartz, tourmaline, ammonium dihydrogen phosphate (ADP), and lithium
sulfate, where the piezoelectric effect is inherent in the asymmetry of the natural
crystal structure, and for polarized polycrystalline ceramics where the piezoelec-
tric properties are produced in manufacture. All piezoelectric materials have
certain properties aside from stability that affect their suitability as an electro-
acoustic element in a measurement transducer. These properties include the
piezoelectric constants, dielectric constant, resistivity, and the fact that the
crystals and ceramics are anisotropic.

Two types of piezoelectric constants are used to describe the relationship of
an electrical parameter such as charge density or electrical field and a mechanical
parameter such as stress or strain. Since the material is anisotropic, the direction
of the electrical and mechanical parameters are specified by subscripts.

The gy constant is the quotient (mechanical strain)/(applied elestric charge
density) or (electric field/applied mechanical stress). The subscript i specifies the
direction normal to the electrodes, or direction of electrical field. The subscript
J specifies the direction of induced strain or applied stress,

The dj; constant is the quotient (strain)/(applied electrical field) or (charge
density)/(applied stress). The subscripts have the same moaning as for the g
constants.

The subscripts 1, 2, and 3 pertain to the three mutually perpendicular direc-
tions. Subscripts 4, §, and 6 pertain to shear motions about the 1,2, and 3 axes,
respectively. Subscript 2t portains to a hydrostatic or simultaneous 3-dimensional
stress or strain.

The g and d constants are related by the dielectric constant:

dy = €eogy, (5.5)

whete €g is the dielectric constant of fres space and € is the dielectric constant
of the material relative to g,

The (clectrical field)/(stress) definition of g is seen to be similar to the voltage/
pressure definition of free-field voltage sensitivity. Consequently, the g constant
is proportional to hydrophone sensitivity and serves as the inost useful criterion
of a piezoelectric material for use in measurement hydrophones,

Of paruicular importance is the fact that g and d constants for different diree.
tions can differ in both magnitude and sign (or polarity). To ilustrate, the
da,, dyy, and dyy constants for lithium sulfate are +1.5, +16.0, and ~4.0 (cuch
times 10~12C/N), respectively. The sigas indicate the polarity or direction of the
induced electric field. Now, if the stress were the same in all three directions,
the resulting electric fleld in the “2* direction would be proportional to the
arithietic sum of the constants or 13.5 X 10~12 C/N. Thus, the sensitivity for a
Uuee-dimensional stress would be less than for the 2 direction only. u this case,
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the hydrostatic modulus or dyj, is only a little smaller than dy; and quite useful.
Lithium sulfate is considered a volume expander, therefore, even though the
sign of d,3 is opposite to that of d,; and d,5. In other crystals like ADP, there
isa much larger cancelling effect. Because of such loss by canceliation, it is neces-
sary to shield some surfaces of some crystals from the sound pressure. This
shielding usually is provided by thin layers of an acoustically soft or “pressure-
release™ material. The failure of such shielding is one cause of the variability in
hydrophone sensitivity.

Piczoelectric moduli aid other design date are readily available in pamphlet
form from one of the principal manufacturers, the Piezoelectric Division of the
Clevite Corporation, Bedford, Ohio.

§.3.1 Piezoelectric crystals

Piezoelectric crystals have been used extensively in the past for both hydro-
phones and projectors. Aithough they have been largely replaced by the various
ceramics, they still are needed where extreme stability with time is the prime
requirement.

There are many excellent books on the molecular and phenomenological
aspects of piezoelectric crystals, -8 and no attempt will be made here to discuss
the theory in detail. It is sufficient for the designer of an experiment to know
the strengths and frailties of crystals as transducer elements.

The crystals that have been used in underwater transducers are ADP (am-
monium dihydrogen phosphate), lithium sulfate, Rochelle salt, quartz, and
tourmaline. OF these, lithium sulfate and ADP still are used in standard trans-
ducers. Since these two types serve to illustrate two different general methods of
crystal transducer design, they are chosen for discussion. Lithium sulfate and
tourmaline crystals in the form of disks or plates are “volume expanders” or have
useful g, and d, constants, and do not tequire pressure-releass reaterial on the
edge faces. As noted in Section 5.3, the sensitivity of lithium sulfate is reduced
only by approximately 20% when the acoustic pressure is admitted to all of the
crysial faces, On the other hand, ADP, Rochello salt, and quartz crystals requite
acoustic shielding in the form of pressure-release material (Corprene, air-cell
rubber, paper, ot¢.) on some sides. Since a material aoemally cannot be dynami.
cally soft and statically hard, the use of soft or pressure-elease shielding lmits

- the magnitude of hydrostatic pressure that ¢an be applied.

Figure 5.5 shows a typical stack of erystals. The computed open-cireuit volt:

© age sensitivity M of the stack i3 obtalned from the general relationship M = gl,

where L s the dimension between electiodes across which the electrical voltage
is measured. I the electrodes fn Fig. 5.5 ate connected in paralle), then £ o the

- thickness of the individual erystal, If they are connected n seties, L is the thick

ness of the whele dwrystal stack, The cholce af parallel ov se:ios connections
must be made before the stack s assembled, because the polarity of the inaivid
ual arystals is dilfecont for tie two cases. Whion they ate connected in paraliel,
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the sensitivity of the whole stack is the same as for only one of the four crystals.
The advantage of the high sensitivity of the series arrangement is offset by a much
higher impedance. That is, when the crystals are viewed as parallel plate capaci-
tors, the series arrangement has only 1/16 the capacitance, or 16 times the imped-
ance, of the parallel arrangement. In hydrophones with small piezoelectric
generators and closely associated preamplifiers, the higher impedance may increase
the hydrophone voltage coupling loss (see Section 3.6), resulting in lower end-of-
cable sensitivity, thus increasing the effective preamplifier noise (see Fig. 5.19)
and producing lower signal-to-noise ratios. Thus, there is a trade-off between
sensitivity and electrical impedance in crystal transducers. In practice, crystals
usually are connected in parallel.

The resistivity of the crystalline material itself must be high for the same
reason that the leakage resistance discussed in Section 5.2 and illustrated in Fig,
5.3 must be high. The resistivity of lithium sulfate is very high, which, combined
with its godd hydrostatic pressure response, makes it a good materizl for hydro-
phones used at low frequencies and high hydrostatic pressures.

.\\

NN

Electrodes

7

Elsotrodes

Fig. §.5. Crystal stack assombled for olectzical parallel (above) and
series (below) conneotions.
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Very-wide-frequency-range hydrophones have very small crystal stacks to
avoid resonances and minimize diffraction effects; consequently, the electrical
impedance is high. A disadvantage of crystals is that small quantities of moisture
will shunt the crystal impedance and cause a low-frequency drop in sensitivity.
Lithium sulfate and ADP are hygroscopic and if they are exposed to much mois-
ture for any length of time, they will be irreversibly changed. Also, temperatures
above 125°C will destroy ADP, and 75°C is the limit for lithium sulfate.

A preamplifier usually is an integral part of 2 wide-band crystal hydrophone
because of the high electrical impedance of the crystal. A crystal hydrophone
then consists of the basic crystal generator, a mounting, housing, acoustic window
and fluid coupling for the crystal to the window, preamplifier and case, and
cabling. The interaction of these components upon each other and the acoustic
field are factors in designing a measurement. Some of the fundamental parameters
of lithium sulfate and ADP are shown in Table 5.1.

Table 5.1. Properties of Piezoelectric Crystals and Ceramics

Relative d Constant
Piezoelectric | Dielectric (V) Resistivity
Material Constant (muitiply by 10-12) (chm-meter)
€leg
lithium sulfate 10 | +16.0(dy;) >1010
+13.5 (dap)
ADP 15 | +48.0(dsg) >108
barjum titanate { 1200 -58(dy;) >1010
+149 (d33)
+242 (d, 5)
lead zirconate 1300 | ~125t0-275 (dy,) >l1010
titanate (several to +300 to +600 (dy3) :
different compo-| 3400 | +500 to +750 (dys)
sitions)

Crystal projectors consist essentiully of a mosalc of crystal elements that is
generally much larger than that in hydrophones for the same frequency range.
The size and configuration of the mosaic are governed by the directivity and
source level requirements. The electrical series or parallel connections among the
crystals depend on the competing requirements of response and impedance, and
the kind of crystal used. In addition to the response und impedaice requirements,
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hydrostatic pressure requirements and cost affect the choice of kind of crystal,
A large number of crystals are used in a projector mosaic and piezoelectric
crystals are expensive. A lithium sulfate disk the size of a 25-cent piece costs
$30 to $40; a similar piece of ADP costs less than $10 (1967 prices).

5.3.2 Ferroelectric ceramics

Ceramics that have such electrical properties as fields, polarity, and so forth,
that are analogous to the magnetic properties of ferromagnetic materials are
called ferroelectric ceramics. The ceramics came into general use for transducers
in the early 1950’ and have rapidly replaced crystals in many applications.
High dielectric and piezoelectric constants, variety of shapes available, low cost,
and inherent ruggedness are reasons for the popularity of this material,

Of the several kinds of ceramic, barium titanate and lead zirconate titanate
are the most popular. Some types of lead metaniobate have characteristics that
make it peculiarly suited to broad-band, high-pressure transducers, and it is in-
corporated in some transducers of this type.

The theory of designing ferroceramic transducers is similar to that for crystal
transducers. The practice is somewhat different because (1) the dielectric con-
stant of ceramics is larger by a factor of about 100 than that of crystals and this
fact eliminates some of the probleins of very high electric impedance; and (2)
ceramics can be manufactured in practicatly any shape, which gives the designer
considerably more flexibility than was possible with crystals, Transducers have
been made from plates, cylinders, spheres, mosaics, staves, and sections of various
geometric shapes. Cylinders and spheres are helpful not only in obtaining desired
directivity pattems, but they also act as mechanical transformers. For example,
the circumferential stress in a cylinder wall is higher than the radial pressure by
the ratio of the cylinder outside radius to the wall thickness, Some of the funda-
mental parameters of ferroelectric ceramics are shown in Table 5.1,

The d'33 and g3, constants in ceramics always are the same as the dy, and g5,
respestively, It is evident then from the values in Table 5.1 that the ceramics
will have low hydrostatic moduli, That is, the sum dy;, + dy; + d33 will be
smaller than ecither dy, or day. Consequently, when ceramics are used in a plate
or disk configuration, acoustic shiclding is necessary or at least desirable, Lead
metaniobate is an exception. It has a useful hydrostat!: modulus and needs no
shielding,

The effective hydrostatic modulus becomes a matter of design in a cylindrical
shell configuration. The mechanical transformer function of the cylinder itself,
the mechaunical transformer action of end caps on the cylinder, and whether or not
the sound pressure is allowed to act in the {nner wall of the cylinder all affect ,
the sensitivity. Properly designed capped thin-walled cylinders do provide good
sensitivity. On the other hand, with cortain ratios of wall thickness to diameter,
the effective wall thickness modulus (dy3) can be exactly equal and oppuosite to
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the effective combined circumferential (d3,) and longitudinal (d3,) moduli, re-
sulting in zero sensitivity. In typical cases, this ratio varies from 0.3 to 0.4.

Considerable work has been done on the characteristics of ceramics under the
various environmental conditions encountered in underwater acoustic measure-
ments. The ceramics are not as predictable as the crystals, because of variations
in composition and manufacture, but with careful control and selection, ceramic
transducers that are stable within prescribed time, temperature, and pressure
limits have been constructed.

5.4 Magnetostrictive Transducers

The possible application of magnetostriction in underwater sound transducers
probably was recognized first by G. W. Pierce and his associates at Harvard in the
1920%.

Magnetostrictive transducers were used extensively in World War II. A com-
prehensive report on the fundamentals and design of magnetostrictive transducers
of that period is contained in the Nationa! Defense Research Committee’s report
on magnetostriction transducers.10 A general treatment of tie subject also is
available in other literature. 11,12

Magnetostrictive transducers have several drawbacks that limit their usefulness
for measurement applications. One, the contour of the calibration curves, al-
rcady has been discussed in Section 5.2, Others include inherent nonlinearity,
hysteresis, and the need for a biasing magnetic field. The principal advantages are
low slestrical impedance and good mechanical strength.

Unlike the piezoelectric effect, the magnetostriction effect is nonpolarized.
That is, the mechanical displacement is independent of the direction of the mag-
netic field in the metal. Nickel, for example, will shorten when it contains a
magnetic field regardless of the polarity of the field.

Figure 5.6 illustrates both the inheront nonlinearity and the need for a bias

flold, if frequency doubling is to be avoided.

Two types of magnetostrictive transducers remain as measurement transducers
in some places and so will be mentioned briefly, One is a thick-walled cylinder
comprised of a laminated stack of annular nickel rings and a toroidally wound
coil.i3,14 This usuolly is referred to as a “ring stack.” Remanent magnetism
provides the magnetic bias.

The other type is a thin-walled tube transducer developed at the Navy Under-
water Sound Laboratory, New London, Conn.10 The inside of the tube contains
a permaneat bar magnet and a coil of wire wound around a wood dowel,

In the magnatostrictive tubes or cylinders, as in the piezoelectric counterparts,
the stress in the wall is increased over the sound pressure in the water by the
ratio of the tube radius to wall thickness, A disndvantage is that although the
tube theoretically is ommnidirectional in one plane, this is not casy to achieve in
practice because of the problems of housing and sealing the nickel tube or cylin-
der, the magnet, the coil, and so forth.
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Fig. 5.6, Magnetostrictively induced strain as a function of applied magnetic field. ‘

The tube types have becn used on Navy ships for checking alignment of sonar
systems. They have been replaced recently by ceramic.

5.5 Moving-Coil Transducers

The moving-coil or clectrodynamic transducer for underwater use is similar
in principle to the air loudspeaker, and, like the loudspeaker, is used primarily as
a wide-band sound source. The Rice-Kelloggls method, in which the frequency
range 2hove resonance is used to obtain high fidelity or a flat transmitting cur-
ront rosponse, is applicable in both media,

From the well-known equations for the transduction of energy with moving-
coil transducers, the definition of mechanical impedance, and the radiation of
sound from a small diaphragm moving with uniform velocity, we can see why the
transmitting current response Is constant above resonance:

¥ = BLi, (5.6)

F = jwmu, .7

P, (5.8)
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where i is electrical current, F is force, B is magnetic flux, L is the length of wire
that moves at right angles across the magnetic lines of force of flux density B,
w is angular frequency, m is the combined mass of coil, diaphragm, and water
load, u is the linear velocity of the coil and diaphragm, and p is the radiated sound
pressure. Combining the three equations produces

F BLi
P X wu = w<m> = - « (5.9)

These equations are valid only when both the mechanical and acoustical im-
pedances are mass controlled and the diaphragm is small in comparison with a
wavelength, The mechanical impedance is mass controlled at frequencies above
the basic spring-mass resonance and below the flexure mode resonances of the
diaphragm. The acoustical or radiation impedance is predominantly a mass react-
ance at frequencies where the diaphragm is very small in comparison with a wave-
length in water. More detail on the application of the Rice-Kellogg technique to
underwater sound transducers is given by Sims.16

Large diaphragm volume displacements are needed to radiate acoustic power
at low frequencies. With inherently stiff piezoelectric or magnetostrictive trans-
ducers, this is difficult to do without resorting to very large transducers where
large radiation area can compensate for limited small linear displacements. Ina
moving-coil transducer, the stiffness is all in the diaphragm spring suspension,
which can be made almost arbitrarily compliant. This enhances the usefulness
of the moving-coil transducer at low frequencies, but it also makes it mechanically
fragile. Consequently, moving-coil transducers have automatic compensating
systems for equalizing the gas pressure inside the transducer with the hydrostatic
pressure on the outside. For modest depths (down to about 100 feet), a collap-
sible bag arrangement is used (see Fig. 5.37), For greater depths, a Scuba-type
mechanism can be used, Even with a properly operating compensation system,
moving-coil transducers are relatively fragile instruments.

Moving-coil projectors are used in the audio-frequency range and typically
have transmitting current responses of about 50-60 dB referred to one microbar
at onc meter per ampere. As hydrophones, moving-coil transducers have limited
usefulness, because the clectrical impedance is rising and the free.field voltage
sensitivity is dropping as the frequency is increased, They generally are not used
as receivers except in reciprocity calibration measurements where they serve as
reciprocal transducers. In the latter application, the basic resonant frequency
should be avoided because the transducers sometimes are nonlincar at
resonance.

5.6 Typical Hydrophone Designs

There is no single typical dusign for a broad-frequency-band hydrophone. Not
is there a single widely used standard hydrophone ¢comparable to the Western
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Electric type 650AA microphone. A good microphone is used only in the audio-
frequency range. It seldom is used in a hostile environment or at other than
atmospheric pressure. A good hydrophone, on the other hand, would be usable
in the infrasonic-, audio-, and ultrasonic-frequency ranges. It would be immune
to the effects of high hydrostatic pressure, near-freezing temperatures, corrosion
and electrolysis, nibbling fish, and the less-than-delicate handling by sailors,
stevedores, and ship riggers. There are many hydrophone designs to meet a great
variety of needs in underwater acoustics.17-21  Four.representative or typical de-
signs are discussed in the sections that follow.

5.6.1 Type M115B and DT-99/PQM-1A

The M115B, shown in Fig. 5.7, is a commercial hydrophone developed and
manufactured by Massa Division, Dynamics Corporation of America. It has
been manufactured and widely used since the early 1950’s for many types of re-
search, development, engineering, and calibration measurements, The electro-
acoustic generator consists of two stacks of ADP crystals, each snugly fitted in-
side a metal cylindrical sleeve. The metal sleeve and the Corprene between the
crystal and the metal constitute the acoustic shielding of the sides of the crystal
stack discussed in Section 5.3. The ends of the two crystal stacks, which are ex-
posed to the castor oil and to the sound field, form in effect a short 4-point line
hydrophone. Castor oil is used in most such hydrophones because the oil is
acoustically similar to water but also is a dielectric. The preamplifier is a cathode-
follower type that functions as an impedance-matching device rather than asan
amplifier, That is, the input impedance of a cathode follower is high and the
output impedance is low. Thus, the high-impedance electroacoustic generator is
matched to the relatively low-impedance hydrophone cable. The voltage ampli-
fication of a cathode follower is less than one—that is, it has a loss rather than a
gain, A typical sensitivity curve and patterns are shown in Figs. 5.8 and 5.9, The
principal drawback of the M115B design has been that with time, or high hydro-
static pressure, or both, the castor oil leaks into the Corprene and destroys the
shielding effect. This results in lowered sensitivity at low frequencics. A newer
version designated M115C contains a sealed vinyl cartridge designed to overcome
this deficiency. Another version of the M115B is the Navy type DT-99/PQM-1A
that is used with a Navy noise-measuring set. The DT-99/PQM-1A contains an
electroacoustic generator element larger than, but similar in design to, that in the
M115B.

5.6.2 Type H23

The H23 hydrophone was developed in 1963 by the Navy Underwater
Sound Reference Laboratory as a goneralpurpose laboratory standurd,
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Fig. 5.8. Typical free-field voltage sensitivity of Massa type M115B hydrophone.

The hydrophone and typical calibration curves are shown in Figs. 5.10
through 5.12. Eight lithium sulfate crystals are used as the electroacous-
tic generator, The crystal is not shielded .acoustically with Corprene or
other pressure-release material, and the hydrostatic pressure limit of
2500 psig therefore is fixed only by the mechanics of the preamplifier
housing.

The crystals float on rubber mounts to eliminate mechanical coupling to the
housing. The boot is butyl rubber because the permeability to water is an order
of magnitude lower in butyl than in other elastomers suitable for this purpose.
The coupling fluid is castor oil. .

The useful frequency range of the H23 can be extended beyond
the 150-kHz frequency shown, but orientation becomes critical because
of the vertical directivity. The transistorized preamplifier provides 10 dB
gain.

5.6.3 Types LC32 and BC32

The LC32 hydrophone was developed and is manufactured by the Atlantic
Rescarch Corporation. The hydrophone and typical calibration curves are shown
in Figs. 5.13 through 5.15. Like the M115B, it is a commercial hydrophone,
and along with a preceding model, the BC32, it has been widely used for a
variety of applications for many years. The generator is a stack of ceramic rings.
The ceramic is lead zirconate titanate in the LC32 and barium titanate in the
older BC32. The rings are bonded to a thin neoprene protective coating and no
coupling fluid is used. Also, there is no preamplifier. The LC32 is easy to use
and relatively incxpensive. Ac a price for simplicity and low cost, it is less
sensitive than the M115B and H23, and less stable with pressure and tempera-
ture. At frequencies above about 50 kHz, the LC32 can be used ulso as a
projector.
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5.6.4 Types F36, F37,and TR-205/WQM

The F36 was developed in 1965 by the Navy Underwater Sound Reference
Laboratory as a versatile, general-purpose hydrophone. It is versatile in the sense
that it is stable enough for a laboratory standard, rugged enough for shipboard
use, and it can be-used also as a reciprocal transducer or projector at high audio
and low ultrasonic frequencies. The transducer and typical calibration curves are
shown in Figs. 5.16 to 5.18.

The F36 is designed to be suspended by its electrical cable. Horizontal orien-
tation is not critical because it is omnidirectional in the horizontal plane. The

* generator consists of a line of lead zirconate titanate ceramic elements in the

form of glass-capped cylinders that require no pressure-release material. The
space between the cylinders and the rubber boot is filled with castor oil. The
dimensions of the cylinder and end caps, and the properties of materials are
chosen to give a broad bandwidth with constant sensitivity.

The F37 is a higher frequency version of the F36. The TR-205/WQM is a
version of the F36 used by the Navy on board ships for the specific purpose of
monitoring the performance of the ship’s sonar system. In this application, the
TR-205/WQM is suspended by its cable over the side of the ship to the same
depth as the sonar transducer on the bottom of the ship. Signals then are trans-
mitted between the sonar transducer and the TR-205/WQM. These hydrophones
have hooks on the bottom for attaching a heavy weight that helps to hold the
instrument steady in ship over-the-side measurements.

5.7 Noise-Measuring Hydrophones

The special feature of the noise-measuring hydrophone is the low self noise
requirement. An informal index of the quality of a noise hydrophone has been
the self noise per hertz in decibels referred to the noise at Knudsen sea state
zero. Sea state zero formerly was the lowest noise field that the hydrophone
would be expected to measure. With modern techniques for extracting signals
buried in noise, however, it is possible to measure signals far below the sea state
noise level.

For nonresonant piczoelectric sensitive elements, the self noise of the radia-
tion resistance, mechanical resistance, and electrical resistance is not significant
in comparison with the noise of the preamplifier, The threshold or equivalent
noise pressure then is dependent on the capacitance and sensitivity of the piezo-
electric element as related to the preamplifier noise under the input load condi-
tions presented by the element.

The inherent noise voltage of a typical transistor preamplifier is given in Fig.
5.19. This preamplifier, when used in a standard ncise hydrophone, will result
in the equivalent noise pressure shown in Fig. 5,20 along with the noise in
Knudsen sea state zero.
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Fig. 5.17. Typical free-field voltage sensitivity M and transmitting current response § of
USRD type F36 hydrophone and projector (also Navy type TR-205/WQM).

The DT-99/PQM-1A hydrophone (see Section 5.6.1) is an example of a noise-
measuring hydrophone. The original ADP crystals have been replaced with a
ceramic element that provides better vertical diroctivity and improves the long:
time stability. A later version of the hydrophone, type DT-268, also contains a
transistorized preamplifior.

$.8 Piczoelectric Projector Desigu

Piezoelectric measurement projectors are designed for operation below res-
onance in the stiffness-controlled frequency range of the piezoelectric motor ele-
ments. Usable levels of sound pressure can be transmitted by ronresonant egramic
projectors at frequencies above about 1 kHe, and by nonresenant crystal projec-
tors at frequencles above about 5 kHz. Below these frequencies, the amount of
ceramic or crystal becomes too great to be practical or economicai, or the driving
voltage becomos so high that arcing and clectricst breakdowsn occur. An excep
tion to this is ceramic projectors enclosed in small chambers where the load
impedance on the projector s primarilly the compliasce of the chamber. The
pressure produced per volt then is constant with froquency. This sxseption is
discussed in Section 5.9.5. -

For most laboratory or tank measureménts, 3 &% desirable to have unidiree-

tional profectors to discriminate against reflecifons from side, top, and bottom
boundaries. In fleld measurements, omisthrectional projestoss are needed be-
cause orientation s less precise and controllaple thsn in a laboratery,
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Fig. 5.19. Typical transistor preamplifier equivalent input noise in decibels referzed to one
volt for a bandwidth of one Hertz.

Noise levet for Knudeen
800 state 2er0

~40

=80

-80

68 rs ) gbor

=10

Geasrolor copacilence

. 1 . 1. L
0 100 1600 10600
: Fraquaacy ia Ha

Fig. 5.20. Equivalent nolse pressure of a plezoskectrle element gonorator connected to the
reamplifior of Fig, 5.9, A typleal element sensitivity of <80 dB re | V/ubar i2 used. The
wobie pressiure {3 stated i decibels teferied to oue miciobar in a one Herta bandwidth, .




256 MEASUREMENT TRANSDUCERS

The major projector design problems are anomalies caused by spurious reson-
ances in the housing and mounting of the elements, and flexural modes of vibra-
tion in the ceramic. At the low frequencies where the dimensions of the projec-
tor are small in comparison with a wavelength in water and the simple source
congept applies, the transmitting voltage response is a curve with the slope 12 dB
per octave. This derives from the constant displacement per volt of the stiffness-
controlled piezoelectric element. The transmitting current response curve has a
6-dB-per-octave slope. Transformers are used to modify these slopes in some
transducers. :

The acoustic pressure produced at radial distance r from a simple source is

_ wpll
ipl = el | (5.10)
~where U is the rms volume velocity, p is the rms sound pressure, and w is the
angular frequency; also, I/ = wéd, where £ is the linear displacement of the tadiat-
ing face or diaphragm and 4 is the radiating area,
From the definition of the d constant in Section 5.3, ¢ = de, where e is the
applied voltage. Thus,

U= wid = wded. (5.11)

Then the magnitude of the pressute per volt is

Rpdd
Lo 2B aup, (5.12)

The transmitting current response has the siope 6 dB per octave in the low-
frequency region because the impedance is almost entirely a capacitive reactance;
um‘ iS. )

L -5;31’-, " (5.13)
jwl

where € is the electrical capacitance of the free cloment, and § is the current.
Then, from Egs. (5.12) and (5.13),

2dA |
r w«zﬁ ok (5.19)

At high frequencies, where the transducer {5 not small in compatison with a
wavelength, the simple source concept does not apply. The transmitting re-
spouse then becomes dependent on the radiation impedance and directivity factor.
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Both of these parameters are in turn dependent on the transducer configuration,
and relate to the diffraction constant according to Eq. (5.4). The transmitting
response is subject to the effects shown in Fig, 5.4 in the same way that the re-
ceiving sensitivity is.

Ceramic is the preferred material for piezoelectric projectors in the high-
audio and low-ultrasonic frequency range. Ceramics have higher dielectric con-
stants or lower electrical impedances than do crystals; they also are less expen-
sive and provide more flexibility in design. The superior stability of crystals is
not as important in projectors as it is in standard hydrophones. Crystals are used
in projectors for frequencies above 100 kHz, because the vibrational modes are
predictable with good accuracy and resonances are higher than for ceramics of
equal dimensions. This is important when maximum bandwidth is required.
Also, cross-coupling between vibrational modes usually is less troublesome.

When transformers are used to step down the high electrical impedance of the
crystals, the transformer is considered an integral part of the transducer. These
transformers must transfer energy into crystals, which have a mostly reactive
electrical impedance, without distortion, over many octaves. Such trans-
formers are not commonly available and must be designed for the particular
transducer.

If a piezoelectric transducer is to be used at hydrostatic pressures above a few
hundred pounds per square inch, designers have a special problem with acoustic
shielding to prevent the sound pressure from impinging on certain parts of the
piezoelectric motor. There are three general design choices for acoustic shielding:
(1) Use volume expander materials like lithium sulfate or lead metaniobate to
climinate the need for shielding. (2) Use the impedance mismatch principle
wherein very low or very high acoustic impedance baffles shield part of the pie-
zoelectric elements from the sound pressure. (3) Use cylindrical or spherical
configurations that expose only one face to the sound pressure,

Choice (1) is suitable for small hydrophone generators, but less so for projec-
tors, The high electrical and mechanical impedance of lithium sulfate is a dis-
advantage. lLead metaniobate has a useabie hydrostatic modulus, but it is in-
ferior to lead zivconate titanate in most other respects,
~ The low-impedance option (2) is not feasible because low-impedance or
pressure-releass materials like Corprone and cellular rubber lose their air content
under high prossure. Further, such a material would need to have a bulltin
high-pass filter characteristic. That is, it should have a high static but a low
dynamic acoustic impedance. High-impedance baffles can be obtained from high
density materials such as tangsten, and they are used in some special cases. How.
ever, this option has the disadvantages of high volume, high weight, and high
cost.

Thin-walled lead zirconate titanate eyhnders sealed and capped at sach end
are commonly used tor high-pressute hydrophones (see Section 5.64). For
projectors, large cylinders are neaded, but are difficult to (abricate with the dejgree
of unitormity und synsmatey nacessary to sustain high differential stress across the
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wall thickness. Barrel-stave-type construction has been used with some success.
Thick-walled cylinders approach the critical wall-thickness-to-diameter ratios that
nullify the signals as explained in Section 5.3.2. Designing end caps that will seal
the cylinder and yet allow the cylinder to vibrate radially is a further complica-
tion. Admission of the oil or other acoustic coupling mediums and the high hy-
drostatic pressure to the inside of the cylinder alleviates the mechanical stress;
however, such a design stiffens the whole cylinder and requires a low-pass acous-
tic filter between the inside and outside of the cylinder.

One solution to these several problems, particularly for omnidirectional radia-
tion, is a ceramic air-filled spherical shell that is strong enough to sustain the
external pressure. The technology of fabricating large spheres either as one piece
or as a spherical mosaic of small, flat, fitted pieces is advancing rapidly. Having
a large radiating area per unit volume, such spheres are feasible for low-audio-
frequency projectors.

Another possibility is to use the shell as 2 Helmholtz resonator22 to enhance
the low-frequency response. Figure 5.21 shows the response of one such experi-
mental transducer designed by C. C. Sims,
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5.9 Typical Piezoelectric Projector Designs

Since 1945, the development in the United States of wide-range projectors
for measurement applications has been confined largely to the Navy Underwater
Sound Reference Laboratory (USRL), now the Underwater Sound Reference
Division of the Naval Research Laboratory. During World War 11, the Bell Tele-
phone Laboratories pioneered the development of moving-coil and piezoelectric
projectors using some of the technology developed in the audio engineering and
communications business. This work was done under contract to the Underwater
Sound Reference Laboratory, a Columbia University Division of War Research
activity, In 1945, all of this work was turned over to the Navy. The Brush De-
velopment Company (now part of the Clevite Corporation) was the principal
source of such piezoelectric crystals as Rochelle salt and ADP during World War
I, and also developed some wide-range crystal projectors. The projector develop-
ment essentially ceased after World War I, although the company continued as
a primary source of crystals and ceramics.

All the typical designs shown in the following sections are those developed at
the USRL. Some of these transducers have been manufactured under contract
for the USRL and are available from the manufacturer as USRL-developed, but
commercially manufactured, projectors. For the most part, these USRL projec-
tors (and USRL hydrophones) are borrowed by naval activities and contractors
from the USRL, or now the USRD of the Naval Research Laboratory, under a
formal and continuing lean program. Some 1000 measurement hydrophones and
projectors are in use throughout the Navy.

All the typical ‘ptojectors shown herc are relatively modern. The older
World War Il types uave heen replaced and are described clsewhere in the
literature,23

59.1 TypeF27

The USRD type F27 transducer was designed as a wide-range uniditectional
projector for underwater sound calibration measurements in the frequency range
1 to 40 kHz, and for stable operation in the temperatuse range 1 to 35°C at
hydrostatic pressures to SO00 psig. It can be used ulso as a hydrophione and as the
reciprocal teansducer in & reciprocity calibration,
The plezoelectric motor consists of 55 l-in.-diameter lead metaniobate disks
022 . thick, each of which {5 comented to a 1-insdiamoter, Y-inthick
wagsten backing plate.  The 55 oleinents are arranged in a circular array
that {s approximately 9 in. in diameter. The design is shown in Fig. 5.22.
“The wngsten backing plates are molded in butyl rubber that supports the
individual elements and provides a water seal for the rear of the transducer.
“The front acoustic windew also is butyl. The transducer is filled with castor
~uil.

e vt —q a e v o ——— m i = e > v — ————— —e—

T ——_———,



260 MEASUREMENT TRANSDUCERS

MOLDED CABLE
GLAND

LEAD METANIOBATE
CERAMIC DISCS

RUBBER ACOUSTIC
WINDOW

— BUTYL
RUBBER

Nz

N

N

Fig.5.22. USRD type F27 1eversible transducer for the high-audio and low-ultrasonic range.

A typical transmitting qurrent response is shown in Fig. 5.23. The transducer
has been tested statically to S000 psig, but at this writing there is no way of
calibrating it acoustically at that pressure. The transducer is stable in the fre-
quency range 1 to 20 kHz at all pressures to 1000 psig and at temperatures from
310 25°C. In the frequency range 20 to 35 kHz, the sensitivity varies by 1 dB in
the same temperature and pressure ranges.

The directivity of the F27 is approximately that expected from unbaffled
Y-in.-diameter uniform piston radiators, except for the backward radiation shown
in Fig. 5.24, The transducer resonates well above 40 kHz but is not very useful
at higher frequencies because the beam pattern becomes too sharp. Also, at the

~ high frequencies any transducer consisting of a mosaic of elements rasolves into

ar array of point radiators, and high side lobes appear in the pattern,

$9.2 Type F30

The USRD type F3I0 transducer was designed as a wide-range unidirectional
projector for underwater sound catibration measurements in the frequency range
10 to 150 kHz, and for stable operation in the temperature range 0 t0 35°C at
pressures to 3500 paig.  Like the F27, it can be used also as a hydroplione and 4
teciprocal wansducer. - ,
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Fig. 5.23. Typical transmitting current response, USRD type F27 transgucer.

The piezoelectric motor is a rectangular asray 2 in. high and 1-1/2 in. wide,
congisting of twelve 1/2 x 1/2 x 1/16-in, lithium sulfate crystals cemented to
1/2-in. tungsten cubes. The array is supported by rubber pads in a steel housing
filled with castor oil, The design is shown in Fig, 5.25.

A transformer having a turns ratio 30:1 reduces the output impedance to a
nominal 100 ohms at 20 kHz. The electrical circuit of the transducer is shown
in Fig, 5.26. The resistances in the circuit serve to stabilize the impedance.

A typical transmitting current response is shown in Fig. 5.27. The response
changes less than 0.5 dB with pressures to 1000 psig. From static tests and
theoretical considerations, no greater change is expected with pressures to 3500

“psig. In the frequency range 25 to 150 kHz, the response varies less than £0.6 dB
in the temperature range 3 t0 25°C.

The directivity pattern is broader in the horizontal plane than it is in the
vertical plane because of the rectangular shape of the array. Typlcal patterns are
shown in Fig, 5.28.

59.3 Type F33

The types F27 and F30 projectors describad in the preceding sections are
simbar in design, The major difference is in the sizes chosen to accommodate the
different frequency ranges. Exceptional bandwidth can be achieved by combin-
ing wwo plezoeloctric motors into one projector. Such a combination is the dis.
tinguishing feature of the USRD type 1'33 wansducer, which contabns a
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cemented to Kennametal disks. This array is approximately 1.5 in. wide and 2 in.
high; it is useful in the frequency range 5 to 150 kHz.

The larger array is constructed from 64 modified barium titanate ceramic
plates 1 in. long by 0.75 in. wide by 0.250 ir- thick. Each plate is cemented to
a steel backing embedded in butyl rubber to torm an array approximately 8
in. wide by 8.5 in. high. When the two arrays are driven simultaneously, the
transducer is useful in the frequency range 1 to 50 kHz. Normally, the trans-
ducer is calibrated electrically unbalanced, with the shield and the low-output
lead connected to ground.

The transducer is provided with 100 ft of vinyl-sheathed cable. The leads to
each array section are individually shielded, as shown in the circuitry of Fig. 5.30.
A 1-ft length of cable provided with mating connectors serves to connect the
inner and the outer sections in parallel. The entire transducer than can be driven
by a signal applied to pins A and B of the AN adapter. The shields are acces-
sible at pin E.
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Fig. 5.30, Schematic diagram of cable, USRD type F33 transducer,

Pressure-release Corprene is used between the individual ceramic elements.
Both sections are sealed in transparent polyurethane; castor oil provides the
coupling medium between the polyurethane potting material and the butyl-
rubber acoustic window.

Typical transmitting current and voltage responses of both sections in parallel
and of the inner section alone are shown in Fig, 5.31. Some compromises were
made in the design to keep the cost within reasonable limits, The high pressure
limit is only 500 psig, but the response is stable to 500 psig and in the tempera-
ture range 5 to 30°C.

Typical directivity patterns are shown in Fig, 5.32.

59.4 Type E8

The USRD type E8 transducer was developed in 1950 as a calibration trans-
ducer for the frequency range 150-2000 kHz.24 It is used as a projector, hydro-
phone, and reciprocal transducer. The design and typical calibration curves are
shown in Figs. 5.33 and 5.34.

Tho piezoelectric element is a 2-cm-diameter lithium sulfate disk cemented to
a Corprene disk. A pulse transformer with an impedance ratio 20:1 approxi-
mately matches the impedance of the crystal to that of the coaxial cable and
attached transmitting or receiving circuit. The coupling fluid is castor oil. The
acoustic window is natural gum rubber. This rubber Is not particularly durable,
but it has less attenuation at megahertz frequencies than do neoprene or butyl
rubber, The selection of fluid and elastomer materials becomes particularly im-
portant at megahertz frequencies because of attenuation. The attenuation in
small volumos of water itself becomes measurabie at these frequencies,

At the high frequencies, there is little need for high pressure capability. The
maximum hydrostatic pressure for the E8 is only 50 psig. The temperature range
is § to 35°C.
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The directivity, shown in Fig. 5.35, is very close to that of a theoretical baffled
piston 2 cm in diameter. Above about 500 kHz, the beam becomes very narrow,
and precision rigging is required. .

The millimeter wavelengths at these high frequencies present many problems
in measurement transducer design. Consider, for example, how one can build an
omnidirectional hydrophone that is small in comparison with a wavelength if the
wavelength is only one millimeter! If one seeks an omnidirectional pattern in
only one plane by resorting to a ceramic cylinder that is not small in comparison
with a wavelength, it still is necessary to fabricate the cylinder and to mount it
with a degree of dimensional accuracy and symmetry compatible with the milli-
meter wavelength, The narrow beam of the E8 at megahertz frequencies illus-
trates a second problem. High transmitted power requires a large transmitting
area, But a large transmitting area results in extremely narrow beams. Thus,
high signal levels and even moderate beamwidths are incompatible at millimeter
wavelengths.

5.9.5 Type G23

The USRD type G23 is typical of transducers designed as projectors for small
high-pressure tanks and the infrasonic- and audio-frequency range below 1 kHz.
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Moving-coil transducers are not used at pressures above 1000 psi because of the
hazards of using high-pressure gas in the compensating system, Also, the maxi-
mum static differential pressure on the diaphragm (£1 psi) remains constant as the
static pressure increases, thus the compensating system must become increasingly
sensitive and, consequently, increasingly complicated and large.

Fortunately, the methods used for calibrating transducers at high pressures
and low frequencies involve small tanks or chambers (see Sections 2.2.3, 2.3.6,
2.3.7, and 2.5.1). The radiation load on the projector is essentially the bulk
compliance of the water in the tank. Then, the sound pressure is proportional to
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the volume displacement of the projector. Where the tank is small, as with a
coupler described in Section 2.3.7, a small stack expander of piezoelectric mate-
rial like lithium sulfate or lead metaniobate can be used. For larger tanks with
volumes of several cubic feet, the amount of crystal or ceramic becomes so large
that the cost becomes prohibitive. In such cases the type G23 shown in Fig,
5.36 is used.
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0in.

/s
0%

Magnesium_ .4

8 disks
PZT-4 ceromis
|- I-'é in, dia

Y, in. thick
10 stacks required

Z

JU

Fig. §.36, Soction through USRD type G23 transducer, PZT-4 ceramic is lead
zirconate titanate.

In the G23, ten paralle! stacks of lead zirconate titanate ceramic disks drive
forward against a relatively light magnesium front plate or diaphragm, and back-
ward against a heavy steel backing plate, The hydrostatic pressure is distributed
throughout the transducer by filling all voids with silicone oil. Most of the vol-
ume displacement is provided by the magnesium front plate, and the displacement
is proportional to the voltage applied to the ceramic. The sound pressure in the
oil inside the transducer w..l be opposite in phase to the sound pressure on the
outside or inthe tank. For this reason, the oil-fllled slits at the periphery of the
front plate must have a high acoustic impedance to avoid shunting the sound pres-
sure in the tank. This same problem is discussed in connection with the type J9
in Section 5.10.
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The G23 is used in a tarik 11 in. in diameter and 5 ft long. In this tank, sound
pressures of 63 to 78 dB referred to one microbar are produced in the frequency
range 0.3 to 600 Hz when the projector is driven with a nominal 500 volts, The
low-frequency response is limited acoustically by the acoustic impedance of the
peripheral slit that functions as a low-pass filter around the front plate and elec-
trically by the problem of driving a capacitive load with almost a direct-current
signal.

The G23 is used to 1000 psig, but similar designs have been built for pressures
to 10,000 psig.

5.10 Type J9 Moving-Coil Projector Design

Unlike the case of piezoelectric transducers, one moving-coil projector design
concept can be used for all measurement applications where a moving-coil
transducer is d=sirable or useful. This design is exemphﬁed by the USRD type
J9 designed by C. C. Sims.16

The USRD type J9 was developed in 1958 as a projector and reciprocal trans-
ducer for the frequency range 40 Hz to 20 kHz. The design and a typical trans-
mitting response are shown in Figs. 5.37 and 5.38.

Alightweight, but stiff, 2-1/4-in.-diameter diaphragm is supported by a rubber
suspension-system that permits large lincar movement of the diaphragm.

When the transducer is submerged, water enters the rear compensation chamber
and compresses the butyl rubber bag until the internal air pressure is equal to the
external water pressure. The diaphragm does not then undergo any static dis-
placoment when the depth is changed. This compensation system works to an
80-ft depth. Beyond that, a Scuba-type compensation system must be used,
The compliance of the air inside the transducer is one of the factors in the fun-
damental and highly damped resonance below 200 Hz, The change in this com-
pliance with static pressure causes the response below 200 Hz to be a function
of the depth.

The peak in the response at 20 kHz is due to a flexure resonanee in the dia-
phragm. At still higher frequencies, other sesonances cause wild fluctuations in
the response curve. The J9, as with all moving-coil transducers, is not very of-
ficient—less than 1%. The maximum input power is 20 W at frequencies above
200 Hz. The USRD typo J11 is a larger version of the J9 with a 4-in.-diameter
diaphragm and u narrower bandwidth. The J11 is a few dB more sensitive, but,
more important, it can accept 200 W of power. It is feasible also to use either
the J9 or J11 in clusters of 2 or more units to obtain higher level signals.

The J9 is omnidirectional at low and mid-audio frequencies. At the high
audio trequencies, it hus a very wide beamwidth typical of a 2-in.-diameter piston,

Prior to the development of the J9, all moving-coil transducers for use in water
were designed with one seemingly unavoidable defect: The spring suspension
at the periphery of the diaphragm had to have large mochanical compliance to
pormit large diaphragm displacement. Ordinarily this meant that the acoustic
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Fig. §.37. Assembly drawing, USRD type J9 transducer; 1, rubber seals; 2, rubber O-rings;
3, cable gland; 4, magnot; §, lead; 6, rubber jacket; 7, grille; 8, slit filed with silicone oil;
9, magnesium diapheagm; 10, diaphragm housing; 11, front pole picce; 12, coil; 13, back pole
pleco; 14, compensating air chambar; 15, rubber compensating bag. Over-all length, 11 in.;
diameter, 4-1/2 in.
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Fig. 5.38. 'lypleal transmitting current responso of USRD type J9 transducer. Re-
sponse bolow 0.2 kHz is a function of depth,
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impedance of the transducer also was low at the diaphragm periphery as viewed
from the water. Under such conditions, the sound pressure generated in front
of the diaphragm was shunted, or could not be sustained, by the low acoustic
impedance at the periphery. In the J9, the shunt is avoided by the dual rubber
suspension on the front and back of the diaphragm and the silicone-oil-filled
slit between the two rubber suspensions.

5.11 Reciproca! Transducers

The theoretical requirements for a reciprocal transducer are given in Section
2.3. In practice, any ordinary piezoelectric or moving-coil transducer probably
is reciprocal if it is reversible, passive, and used with sigual levels in the linear
range. Fora transducer to be reversible, it usually is sufficient that it have no pre-
amplifier or other nonreversible electrical circuit. The passive requirement elimi-
nates transducers that require any kind of bias current or voltage.

The linearity requirement limits signal levels to a restricted range of values.
That is, the transducer should not be over-driven. This is particularly true of
moving-coil transducers at and near resonance.

Methods for testing for reciprovity are explained in Section 2.3,

All of the projeciors described in Sections 5.9 and 5.10 are used both as pro-
jectors and reciprocal transducers.

5.12 Doublet Transducers

Doublet transducer isa general term for velocity and pressure-gradient hydro-
phones and doublet or dipole projectors. This type of transducer functions as
two, small, closely spaced transducers operating 180° out of phase. In practice,
the two transducers usually ave the opposite sides or ends of a single element
oscillating in a translational mode. Doublot transducers find more use in air (in
the ribbon microphone, for example2S) than they do in water. One reason for
this is the shorter wavelengths, larger pressure gradients, and larger particle velo-
cities in air,

The distinguishing and imnost useful feature of o doublet is its directivity pat-
tern, If the two transducers are both very small in comparison with a wavelength
in water and are separated by a distance also small in comparison with a wave-
length, then the doublet has a figure-eight or cosine directivity pattern.26 That
Is, the prossure at an angle 0 is proportional to cos & as shown in Fig. 5.39, The
pattern is essentiolly independent of frequency in the range where the initlal
assumptions about the dimensions are valid. Some theoretical discussions refer to
pressure-gradient hydrophones of # orders when the directivity pattern is given
by the function cos® 0. Thus, a pressurc-gradient hydrophone of the zero order
is omnidirectional, In practice, the term pressurc-gradient means first-order
prossure-gradient unloss othorwise defined.
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Fig. 5.39. Theorctical model of a doublet transducer as two out-of-phase
point sources separated by a distance Ax, with a directivity pattern as a
function of cos 0.

The use of a doublet transducer is the only practical method of obtaining evea
a modest degree of narrow-beam directivity at low and mid-audio freqieaciay
without resorting to very large transducers.

The terms velocity and pressure.gradient hydrophones usually are used inter.
changeably; however, there are dis.nctions that can be made between the twe
types. These distinctions relate to the predicted calibration curve and are thereby
helpful to those who use or calibrate such hydrophones.

Most velocity and pressure-gradient hydrophones consist of some type of ele-
ment that vibrates under the influence of the pressure gradient or in the manner
of the particle velocity in the water medium,

The relationship among the pressuse, particle velocity, and pressure gradient in
a plane progressive wave is given by

p = peu, (5.15)

where p is the rms pressure, u is the rms particle velecity, p; is the instantaneous
pressure, dp;/ax is the pressure gradient at point ¥ and in the direction of the x
coordinate, w is the angular frequency, p is the density, and ¢ is the speed of
sound.

From these equations, it is evident that, given a constant pressure p as a func-
tion of frequency w, the particle velocity u also will be constant, but the pressure
gradient dp,/ax will be proportional to the frequency. It should be noted also
from Eq. (5.16) that the valocity and pressurs gradient are 90° out of phase.
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Thus, if we define a velocity hydrophone as one wherein the voltage output of the
hydrophone is proportional to u, the free-field voltage sensitivity of a velocity
hydrophone will be constant or the frequency calibration curve will be flat. On
the other hand, if a pressure-gradient hydrophone is defined as one where the
voltage output is proportional to the pressure gradient, the free-field voltage
sensitivity of such a hydrophone will be proportional to frequency, or the fre-
quency calibration curve will have a 6-dB-per-octave sfope.

Since the slope of a hydrophone's sensitivity curve depends on boti the trans.
duction principle used and on the mechanical impedance of the vibrating element,
the same hydrophone usually wili be a pressure-gradicnt hydrophone below, and
a velocity hydrophone above, the resonant frequency. The definitions then de-
scribe, not the hydrophone design, but the idealized sensitivity-versus-frequency
curve. In practice, the same hydrophone seldom is used at frequencies both below
and above the resonant frequency. Consequently, the terminology usually is un-
ambiguous and helpful.

The velocity of the vibrating element and the pressure gradient driving it are
not necessarily the same as the particle velocity and pressure gradient in the plane
progressive wave. A major design objective is somehow acoustically to amplify
the wave velocity or pressure gradient so as to increase the hydrophone sensitivity
at off-resonance frequencics,

Velocity and pressure-gradient hydrophones are calibrated in terms of the
plane-wave sound pressure just as arc pressure hydrophones. When insome special
cases the plane-wave velocity is used as a reference, the calibration curve is ad-
justed by adding 20 log pe or 103.5 dB.

5.12.1 Velocity hydrophoues

A typical wide-range velocity hydrophone operates on the electric genciatos
transduction principle in which a voltage e s generated when a wire (usually &
coll) of length J, cuts a magnetic field of flux density B with a valocity ue accord-
ing to the equation. :

e = Blu,. (5.17)

One type is sumilar to that of o movingcoil transducer except that the sound
Rressure ucts on opposite sides or ends of the coil s that the driving pressute is
the instantaneous pressuie difference Ap;. The pressure difference is the pressure
gradient in the sound fizld multiplied by the acoustic path difference Ax between
the two sides or ends of Uie coil exposed to the sound tield, und by cos 0 as shown
in Fig. 5.39. Thus,

apy = Wk s, (5.18)
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Substituting Eq. (5.16) into (5.18) produces

= j( )pr cos 8. (5.19)

The effective path difference Ax has been found experimentally to approximate
closely the physical dimension around whatever baffle surrounds the coil.

The quotient Ap;/u, depends on the specific acoustic impedance of the coil
and its suspension. The compliance of the coil suspension is made very high so
that the coil mass and suspension compliance resonate below the frequency
range of interest—50 to 100 Hz, for example. Then the impedance is essentially
the coil and water-load mass reactance jwm, and

Ap jom
2 o 1
P 5 (5.20)

where S, is the azea of the coil facing the sound pressure.
Combining Eqs. (5.17),(5.19), and (5.20) gives the free-fiold voltage sensitivity

e/p:

% o Bmgﬁzcosﬂ’ (s21)

Equation (5.21) shows that the sensitivity is independent of frequency and pro-
portional to cos 8,

The first velocity hydrophone of this type probably was the Bell Telephone
Laboratory (BTL) type 1A designed about 1942 for the Underwater Sound Refer-
ence Laboratory.23 Itscoil and magnet arrangement are shown in Fig. 5.40. The

-magnet was suspended from a light frame and assumed to be relatively motion-
less. A typical calibration curve is shown in Fig, 5.41. As with other transducers,
* spurious vibrations Alstort the curve. The type 1A has a very low seasitivity.
Some more recent designs based on the massontrolled muovingcoil principle
have higher sensitivities in the =110 10 =) 20 dB range. Figure 5.42 shows annther
coil and magnetic field arrangement by B. B. Baver at CBS Laboratories.2?

The souad rays depicted by arrows in both Figs, 5.40 and 5.42 are not an
accurate vepresentation of the svund fleld around the hydrophone, but they du
_ illustrate in a general way the extra acoustic path Ax,

Figure 5.43 shows a still differont arrangement by Leshe, ef al., at the Naval
Ordnance Laboratory (NOL).38 In the NOL hydrophone, the sphericat shell and
wmagnet vibrate while the coil is held stationary by tive inertiz of the intermal inass
that is approximately 3 times the mass of the displaced water, The wuss of the
ghell plus the magnet is designed to be the same as the mass of the dis
- placed water, Then the dynamic density of the hydrophone is the sarite as that
of water, and the velocity of the sphore is the same as the plancwave particle
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The resonant frequency of the internal mass and its suspension is put below
the useful frequency range so that the impedance is mass controlled and the
assumption of coil immobility due to inertia is valid.

$.12.2 Pressure-gradient hydrophoues

A hydrophone developed by G. L. Boyer at the Navy David Taylor Model
Basin (DTMB)?29 is shown in Fig. 5.44. The DTMB hydrophone 1s similar in de-
sign to the NOL velocity hydrophone shown in Fig. 5.43. Both have an average
density the same as water so that they move with the same particle velocity as
the displaced water, or, more strictly speaking, the average particle velocity over
the 3-in. length of the hydrophone. Both have an internal mass in their electro-
mechanical sensor and are typical of accelerometer designs. However, the DTMB
hydrophone senses the vibration with a ceramic piczoelectric disk sandwiched
between the outer housing and the internal mass. As a result of this feature, the
free-field voltage sensitivity of the DTMB hydrophone is proportional to the pres-
sure gradient rather than to the velocity.

The internal mass m is not stationary. It exerts an inertial force F on the
ceramic disk which acts as a spring. The force F is given by

a
F= m(?:-) = mwu, (5.23)

where u is the veiocity of the mass.
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Fig. 544, Sunplificd drawing of DTMB presswregadicat hydrophone,
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The ceramic is a very stiff spring of negligible mass, and the resonant fre-
quency of the spring-mass is above the frequency range of interest. Then the
internal mass, outer housing, and plane-wave particle velocities are all approxi-
mately the same. The voltage output e of the piezoelectric disk is given by

e = %F. (5.24)
where g is the piezoelectric modulus, ¢ is the ceramic disk thickness, and § is the
disk area. From Eqgs. (5.16),(5.23), and (5.24),

e= (%’)1) (%%) (5.25)

Thus, the output voltage is proportional to the pressure gradient, or, using Eqs.
(5.15),(5.16), and (5.25), we obtain

£l= (é‘simp—}) (5.26)

and the free-field voltage sensitivity is proportiohal to the frequency w. The
sensitivity of the DTMB hydrophone is shown in Fig. 5.45.
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Another type of pressure-gradient hydrophone developed by C. C, Sims at the
Navy Underwater Sound Reference Laboratory (USRL) is shown in Fig. 5.46. A
thin lead zirconate titanate disk is cemented to a boryllium copper diaphragm
surrounded by a wngsten collar. The difference in pressure on the two sides of
the disphragm drives the disk and diaphragm in a flexure or bending mode. The
copper and ceramic are of the same thickness and together they form a bilaminar
element. The ceramic disk diameter therefore i3 stretched on one hall of the
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vibration cycle and compressed on the other half. The tungsten collar serves to
hold the diaphragm edge immobile and provides a baffle to enlarge Ax.
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Fig. 5,46, USRL prassuregradient hydrophone,

In the frequency range below the flexure resonance where the impedance of
the bilaninar element is stiffness controlled, the voltage output of the piezo-
electric disk is proportional to the bending pressure. The bending pressure Ay
is given by

op= Lo, (s.27)

Thus, the voltage is propertional to the pressure gradient over the distance Ax,
The free-field voltage sensitivity of the USRL hydrophone is shown in Fig, 5,45,
and a typical directivity pattern in Fig, 547,

The pattern is typical of doublet transducers. A decibel scale is used, At
£60°, the sensitivity i3 6 dB below that at 0°, as would be expected from cos 60°.

Although less sensitive than the NOL type, the USRL design has the advantoy:
of being small and requiring no fragile spring suspensions of any kind, The BTL
and NOL types have spring suspensions on both the coll and magnet. The CBS
type has a coil suspension, and the DTMB type, a housing suspension. All these
suspensions must be carefully designed 3o that vibration is allowed in only one
teanslational mode. Vibrations in the other two translational modes and any
rotary motion s a source of error. The covapliance of the magnet or housing
suspension in the BTL, DTMDB, and NOL wypes means that these hydrophones
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o.

Fig, 547, Typical dizactivity in the horizontal plans at 4.0 kHz, USRL pressuse
gradien: hydiophone,

cannot be tipped or used to sonse other than horizontal velocities or pressure
gradients. The CBS and USRL hydrophones can be used in any orientation, The
_ BTL hydrophone could have been designed without the compliant mugnot sus:

* pension, the purpose of which was to isolate the magnet from mechanical vibra.
tion of the rigging.

The theoretical model of a doubler teansducer shown in Fig. 5.39 as two
closely spaced identical point sransducers 180° out of phase can be physically
approximated with two probe hydrophones 2lectrically connested out of phase.
This design, shown schematically in Fig. 5.48 is, of course, 8 pressuregradient
type. The electrical output is proportional to the phasor difference between the
sound pressures at the two probes. This type requires that the two probes be
electroacoustically identical, s difficult requitement to achieve in practice over a
wide frequency range. It is casier to build a single-element hydrophone and, for
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this reason, the two-probe design has not found much use for wide-frequency-
range applications.

5.12.3 Doublet projectors

Doublet projectors are inherently low-response transducers because thoy have
builtin pressure cancellation. That is, at one instant a positive pressure is being
generated at one end while a negative pressure is being generated at the same in-
stant at the nearby other end. Nevertheless, where the need for the cosine
directivity pattern outweighs the low response, they are used.

The NOL hydrophone in Fig, 543 has a relatively large area that serves asa
diaphragm, und it could be used as a projector. It also has the low electrical
impedance that is necessary for a projector. The DTMB hydrophone has the
large area, but the electrical impedance would be too high.

The projector counterpart of the two-probe pressure-gradient hydrophone
also can be used, Two USRL type J9 transducers (see Section 5,10) set side by
side and electrically connected out of phase have been used as a quasi-doublet
projector to obtain diserimination against surface and bottom reflections in a
shallow lake.30 Two J9's are much too large t0 be a doublet transducer except
at the low audio frequencies; howaever, they provide a useful approximation 10a -
doublet projector up to several kilohertz,
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Chapter VI

MEASUREMENTS ON AUXILIARY MATERIALS

6.1 Introduction

Acoustic windows and domes, baffles, reflectors, anechoic coatings, and
bulk sound absorbers are important in the functioning, application, and testing of
underwater electroacoustic transducers. The techniques and facilities for evaluat-
ing these auxiliary materials are very similar to those used in transducer calibra-
tion measurements. Because of this intimate relationship, a chapter on measure-
ments to evaluate such materials is included in this book even though these
measurements are acoustic rather than electroacoustic,

The word “material™ is used to mean any one of or any combination of
windows, reflectors, baffles, anechoic coatings, and bulk absorbing materials. In
most of the measurements, however, we evaluate not the material itself but a
particular sample whose dimensions, configuration, and means of support all
influence the result. Sometimes, the particular sample is a complete hardware
item-a sonar dome or transducer window, for example, At other times, it isa
partly complete hardware item, like a section of an anechoic coating. As we
shall see, only in the evaluation of “bulk absorbing materials,” among the five
types of material ovaluations, is the result independent of the particular sample
dimension or configuration, and even here “bulk absorption” must be carefully
Jefined (see Section 6.5).

~ Windows, reflectors, baffles, and anechoic coatings constitute a complete
set of materials insofar as their function is concerned. ldeal specimens of the four
materials will, respectively, (1) transmit 100%, (2) reflect 100%, (3) transmit 0%,
and (4) reflect 0% of the sound incident on them. Each of these four materials
can be evaluated by measuring the percentage of sound transmitted through and re-
- flected from the material when a sample is immersed in water, These two measured
characteristics, called the “insertion loss™ and “echo reduction,” are defined by

, ) ~Incident sound pressure
Insertion loss = 20108 g2 eiTied sound prasins |

Incident sound pressure

Echo reduction = 20 w'k"&l’e Sied sound pressure

287
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Plane-wave propagation is assumed in both definitions. As defined, both charac-
teristics are expressed in positive decibel units. These terms are preferred oyer
similar terms such as transmission loss and reflection loss, because they are less
ambiguous, they conflict less with terms used in architectural acoustics and elec-
trical engincering, and the names relate directly to the measurement technique.

In some measurements, “‘absorption loss™ is computed from the insertion
loss and echo reduction by assigning all missing sound energy to absorption. This
is not a good procedure if the material is not an absorber, which usually is true
of windows, reflectors, and baffles, because in practice more sound energy may
be scattered, diffracted, or refracted than is absorbed.

The measurement of insertion loss and echo reduction is very simple in
theory, but can be very difficult in practice.

Evaluation measurements of a bulk absorbing material are complex in both
theory and practice. The significant characteristics of a bulk absorber are the
attenuation constant a and the complex wave number k, which are the real and
imaginary parts of the complex propagation constant «y, where y = a + j&. These
terms are defined and discussed in Section 6.4.

In most respects, the evaluation measurement theory of acoustic materials
is analogous to the same theory for evaluating electrical resistors, capacitors, in-
ductors, and cables.

6.2 Insertion Loss

Insertion Juss is the reduction in the signal, in decibels, caused by inserting
the material between the sound source and the receiver with diffraction and re-
fraction effects absent, The insertion loss of the material is due to the combina.
tion of sound reflected from the material and sound absorbed in the material.
In any practical window material and in most baffles, however, the absorption is
negligible.

The measurements are of two general types. [n the eatly stages of develop.
ing a sonar dome, a transducer rubber boot, a soundproof housing, and so forth,
the best material usually is selected on the basls of measurements made on
samples in the form of plane sheets. The sample is lurge enough for the insertion
loss 10 be essentiglly independent of the lateral dimensions, though still depen-
dent on the thickness. That is, the sample is intended to simulate an infinitely
long and wide sample.

In the sccond type of measurement, the material is of the size and configura.
tion n which it will be used. in the case of a sonar dome, the material is in its
streamlined shape, complete with structural reinforcement, holes, flanges, and so
forth. In the second type of measurement, the conditions under which the inser-
tion loss is measuved should be the same as the conditions of actual use. For
example, measurements on a sonar dome should be made with the actual sonar
transducer inside the doine, The fnsertion loss then depends on the shape, size,
and mounting of the dume, the sonar transducer, and added hardware such as
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reinforcing structure and the flange needed to attach the dome to a ship. Idcally,
the ship hull also shouid be in place, but this usually is impractical.

Data obtained from measurcments on a sheet are subject to theoretical
analysis and prediction. The results of hardware measurements usually are not.

6.2.1 Theoretical insertion loss

When plane waves impinge normally on a plate of a homogencous non-
absorbing material of uniform thickness, and water is on both sides of the plate,
the theoretical insertion loss is given by

—- pi2)2
Insertion loss = lOiug[-(—lT;;-};-—)— (sin? kx) + 1]. (6.1)

where m is the ratio of the characteristic impedance pe of the material to the
characteristic impedance of water (¢, 2 1.5 X 108 rayls), k is the wave number,
and x is the thickness of the plate. Figure 6.1 shows insortion Joss curves for
steel and cork plotted from Eq, (6.1) and using m = 26 and ¢ = 5,000 m/sec for
steel and m = 1/12 and ¢ = 500 m/sec for cork. Equation (6.1) remains un-
changed if 1/m is substituted for m. Physically, this means 2 high-impedance
material such as tin (m = 12) can have the same insertion loss as a low-impedance
material such as cork (i = 1/12), where m for onc material is the seciprocal of
1 for the other material, and kx is the same in cach case, :
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Fig. 6.1, Eehis sduction and insertion loss of S/B4a. stoel (dashied lines)

and 1784, cork (solid lined) in watny.
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The insertion loss becomes sero whenever kx = 0, m, 2m, 3, etc. Thus,
any nonabsorbing material is transparent when the thickness is near a multiple
of a half wavelength. The insertion loss also is zero when a perfect impedance
match exists, or when m = 1. The maximum insertion loss occurs when Ax =

{2, 3n/2, Sn/2, ete., or when the thickness is an odd muktiple of & quarter
wavelength,

It 15 well known that a layer of air is a very good baffle for underwater sound
because m = 1/3600. A layer of air in the form of an independent baffle, how-
ever, is very difficult to achieve in practice. One approach is to use an air sand-
wich: that is, two sheets of metal or other stiff material, sealed at the edges, with
air between, There are two practical problems with air sandwiches. They must
either be pressure compensated or have supports between the plates to prevent
the hydrostatic pressure from bending or even collapsing the metal platgs. Second,
the plates must be rigidly joined at the edges. Any supports and rigid cdge joints
act as acoustic short circuits; that is, the sound vibration will be transmitted
through these rigid parts, bypassing the air layer. \f the supports are closely
spaced, as in a honeycomb, the sandwich acutally becomes a good acoustic win-
dow. When an air sandwich is evaluated as a baffle, therefore, it is necessary to
qualify the measured insertion loss as applying only to the particular sample
tested. Another batfle with the same metal-air-metal thickness dimension but
different lateral dimensions, internal supports, or edges could have a different
insertion loss.

A second approach to air baffles is to assume that cork, o a cotk-Heoprene
mixture called 'Ce:pmne. is esseptiaily the same as air, acoustivatly. Frem the
values of m = 1£12 for cork ansd s = 13600 for air, 1 can be seen that this may
~not be a very good ussumption. In fact, ork has o better impedance match with
water thas docs steel (2 = 26), The slos speed of sound in cork is an advantage,
however: a wavelength i cork 15 anly one-tenth 2t long as a wavelengih in steel,
and consequently a sork b:mle i be mud\ tilnpet man an equwalem steel
. bufﬂe. N <
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if the sample is perfectly opaque, the intensity at the hydrophone position is the
same as if the sample were not there! This corresponds to the bright spot behind
a circular opaque obstacle that is well known in optics.

The intensity of the diffraction around the edge is proportional to the impe-
dance mismatch between the sample material and water. Thus, the diffracted
signal intensity is lower in measurements on window materials than on baffles.
Moreover, since the signal level transmitted through a window is higher than that
through a baffle, the ratio of diffracted signal level to transmitted signal level is
much highet in baffle measurements than in window measurements. Window in-
sertion-loss measurements have been made on samples as small as two wave-
lengths square. The insertion loss as a function of angle of incidence is measured
by rotating the sample in its position between the projector and the hydrophone,
Since the effective width, or width normal to the imaginary line joining the pro-
jector and hydrophone, becomes smaller as the sample begins to rotate, the dif-
fraction becomes worse. Measurements at grazing angles, or angles of incidence
near 90°, become difficult unless the sample is very large. Angles of incidence
other than normal also give rise to shear and transverse waves in the sample. Then,
measurements on small samples involve very complicated wave phenomena and
are not very useful; measurements on the finished hardware item become very
important.

6.3 Echo Reduction

Echo reduction is the important parameter of reflectors and anechoic coat-
ings. It is a measure of how much the incident sound pressure level is reduced
after reflection,

Echo reduction depends on the acoustical impedance mismatch at the reflect-
ing boundary. The boundary acoustical impedance in turn depends on the mate.
rial itself, its thickness, and usually on how the material is “backed up.”

As with jnsertion loss, there are two general types of echo reduction measure-
ments—thosé on sample sheets, and those on complete hardware items.

Anechoic coatings, unlike windows, baffles, and reflectors, sometimes are not
made of a homogeneous material. Windows, baffles, or reflectors require only a
good acoustical impedance match or mismatch with water. An anechoic coating
has a more complicated function: It should make an otherwise good reflector
appear to be acoustically transparent, First, the coating must have a good im-
pedance match with the water so the sound energy will not be reflected. Second,
after entering.the coating, the sound energy must be absorbed, otherwise the
sound will be reflected at some subsequent boundary such as the wall or ship
hull to which the coating is attached. Thus, both the echo reduction and the
insertion loss should be high.

It is difficult to make thin homogoneous anechoic coatings with absorbing
characteristics that are independent of frequency, Anechoic coatings usually
consist of a layer of rubber or rubber-like material mixed with either low-acoustic-
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impedance air voids or high-acoustic-impedance metal particles. The intent
is to cause shear motions in the rubber rather than simple compression and
clongation. The backing material is an integral part of the coating; for example,
the thickness of the steel plate to which a coating usually is attached and the
medium (air or water) behind the steel affect the anechoic characteristics, Be-
cause the coating is heterogeneous, it may be and usually is resonant. This results
in large vibration amplitudes and large echo reduction in a narrow band of
frequencies.

Reflectors are made simply of either a material having a very low acoustical
impedance (cork, Corprene, or an air sandwich) or a very high acoustical im-
pedance (steel, nickel, tungsten). In some special cases, various types of tuned
or resonant spring-mass systems or quarter-wave stubs have been used to obtain
high-impedance boundaries. Such devices are feasible only for a narrow band of
frequencies.

If the angle of incidence is the variable, echo reduction needs further
definition—specifying the reflection angle. Sometimes, specular reflection is of
primary interest (a material for a tri-plane target simulator or an acoustic mirror);
at other times, most of the sound may be reflected, but not necessarily as a
specular reflection (a nonplanar surface)._ This ambiguity is present in all reflec-
tion measurements; consequently, the intended use of the material must be
known and the appropriate kind of reflection must be measured. The terms
“monostatic” and “bistatic™ are used in this connection. Monostatic pertains to
a measurement at one point; that is, the source and receiver are at the same point,
or the angle of incidence and reflection are the same angle, Bistatic pertains to
two . oints; that is, the source is at one angle and the receiver at another, Specu-
lar reflection is the special case of bistatic reflection when the angle of reflection
is equal and opposite to the angle of incidence.

6.3.1 Theoretical echo reduction

As with insertion loss, theoretical echo reduction can be computed most easily
for sound incident normally on a uniform plate of nonabsorbing material immersed
in water, Other situations are more complex and are beyond the scope of this book.

The theoretical echo reduction for 3 nonabosrbing homogeneous material in a
water medium is given by

1
Echo reduction = lOlog[ a _m;‘;’; T l]. (6.2)

where m and kx are the same as in Eq. (6.1). As in Eq. (6.1), 1/m can be sub-
stituted for m without chunging the equation, Echo reduction decreases gradually
with increasing froquency until the thickness becomes a quarter wavelength and
then increases until the thickness becomes a half wavelength. When the kx 1enn
in Eq. (6.2) is /2, 31/2, 5n(2, etc., or when the thickness is an odd multiple of
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a quarter wavelength, the echo reduction is a minimum. For either large or small
values of m (that is, for m >> 1 or m << 1), the echo reduction is close to zero,
but theoretically never reaches zero. When kx = 0, m, 2, etc., the sine term in
Eq. (6.2) is zero and the reduction becomes infinite for any finite value of m.
This means that any nonabsorbing material is perfectly transparent when the
thickness is a multiple of a half wavelength. The echo reduction is infinite also
when m = 1, of course. These are the same conclusions inferred from Eq. (6.1).

Figure 6.1 shows the echo reduction of two typical reflector-type materials.
The 1/8-in. cork becomes completely transparent at 78 kHz. The corresponding
frequency for the 5/8-in. steel is 186 kHz. Again we see that cork is not equival-
ent to air as is sometimes assumed. A true layer of air is a good reflector; a 1/8-in.
layer has an echo reduction of only 0.0004 dB at i kHz.

6.3.2 Measurement of echo reduction

Echo reduction usually is measured with the arrangement shown in Fig. 6.2,
Both the incident sound and the reflected sound are measured by the probe
hydrophone placed close to the material sample. Two techniques are used to
separate the two measured signals. With a short pulse technique, the incident and
reflected sounds can be separated by the time interval required for the pulse to
travel the path from the hydrophone to the sample and back to the hydrophone.
With an interferometer technique, the two signals are allowed to overlap, and are
computed from the maximum and minimum signal levels that result from con-
structive and destructive interference.

As with the measurement of insertion loss, reflections and diffraction are the
main measurement problems. The diffraction effects are more than the conven-
tional diffraction “around™ an obstacle. When plane waves impinge normally on
a reflecting plate, the reflected sound is indistinguishable from the sound that
would emanate from the plate if the plate were vibrating as a source, Thus, a
probe near the plate is in the near field or Fresnel zone of the plate. The reflected
sound can be considered to be the combination of two waves: (1) a plane wave
of the same amplitude and phase as would be reflected from un infinitely large
plate, and (2) a diffracted wave that appears to emanate from the edge of the
plate, and which is similar to the diffracted wave that “goes around” the plate in
an insertion-loss measurement.

When short pulses of sound are used and the incident and reflected sounds are
separated in time, it is nocessary also to separate the reflected and diffracted
pulses. The two separation requirements have opposite effects on th= <election
of the sample-to-probe distance. Inereasing this distance increases the reflected
and incident pulse separation but decreases the reflected and diffracted pulse
separation. Decreusing the distance has a revorse effect. In praciice, the distance
iskept as small as possible and minimum pulse lengths are used. The pulse length
cannot be made shorter thun about two cycles, however, which sots a low-
frequency Jimit for the technique, Longer minbuum pulse lengths are needed for
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resonant reflectors. Short-pulse sound-reflection measurements in water gen-
erally are useful only when the sample is five or more wavelengths long and wide.

Diffraction effects are minimized by asymmetrical geometry as described in
Section 6.2.2 for insertion-loss measurements.

Measuring the pulse reflected from a resonant coating is complicated by the
fact that the coating acts like a notch filter. The fundamental or carrier frequency
is atteiuated much more at the resonance frequency of the coating than are the
siz,2hand frequencies in the pulse spectrum; consequently, the high echo reduc-
tion at sresonance is masked by the lower echo reduction at the sideband fre-
quencies. A very narrow-band wave analyzer at the output of the probe hydro-
phone is needed to obtain the true echo reduction near the resonance frequency.

At low frequencies (long wavelengths), where short pulses are not feasible, an
interference technique can be used. A probe hydrophone is placed close to the
sample where it will simultaneously receive-the signal that arrives directly from
a distant source and a signal that arrives after reflection from the sample. Either
¢-w or long-pulse signals are used. A long pulse is one that is long enough to cause
overlapping of the direct and reflected signals but still short enough to “gate out”
diffraction, surface reflection, and so forth. The probe measures the phasor sum
of the incident and reflected sound pressures. By sweeping through a range of
frequencics, the phase between the incident and reflected signals will change con-
tinually, The magnitude of the sum signal will oscillate between the in-phase
and the out-of-phase conditions with a pattern similar to that produced by inter-
forence from surface veflections, standing waves, or crosstalk in transducer cali-
bration measurements. We are, in fact, deliberately: producing standing waves.
The probe should be at least one quarter wavelength from the reflecting surface
and preferably several wavelengths:away. If the probe is too close, the frequency
interval between peaks (or nulls) in the osciltation pattern is large, and the pat-
tern is difficult toidentify, Figure 6.3 shows an example in which the interfering
signal or reflection is half the direct signal and illustrates how the relative ampli
tude of two interfering signals is found with the aid of Fig, 6.4 or Table 6.1. Since
the direct signal alone can be obtained by merely removing the sample, the inter- -
ference-to-direct signal ratio can be obtained either as & numeric ratio or in
decibels from any of the throe measured values in Fig. 6.3; that is, from (1) MAX
(2) MIN, or (3) MAX + MIN, Since the depth of sharp nulls is subject to greater
error than is the rounded maximums, the MAX moasurement shown in the figures
is most reliable. Table 6.1 is mezely a tabuiation of the same values prosented
graphically in Fig. 6.4 and is more suitable for small or precise values. The inter-
ference technique is similar in principle to the technique used in alr acoustics to .
measure the acoustic impedance at 2 boundary terininating a tube. :

In practice, the sound waves that impinge on the sample reflector are not
plane. Normally, this does not alfect the measurementis unless it results in trans-

verse wave motion. It muy help to some oxtent because it introduces u shading- =~

effect, That is, considering the plate as a vibrating source, the vibration at the
periphery will be slightly lower in amplitude than, and have a phase lag with
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Fig. 6.3. Effect of interference on a
direct signal. MAX = 3.5 dB. MIN
= 6 dB. From Fig. 6.4 or Table 6.1,
the ratio of interference signal level
to direct signal level is 0.5, or 6 dB
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Fig, 6.4. Magnitude of interference signals,

rospect to, the vibration at the centor. Such shading reduces the near-field undula-
tions caused by edge diffraction. The spreading loss of spherical waves does
mean, however, that a distance loss correction must be applied to the measured
tatio of reflected signal level to direct signal level. Whenever sound impinges on
amaterial at angles other than normal incidence, transverse waves may be excited
in the material.  Such waves may interfore with the longitudingl waves that are
presumed. to carry all the sound cnorgy. Conscquently, the measuremont
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Table 6.1. Magnitude of Interference

D = Direct Signal I = Interference Signal
) Max Min Max-to-Min
[(D+))/D] [(0-D/D] Spread
~dB | Ratio | +dB | Ratio | —dB | Ratio dB
0.0 | 1.000 | 6.0 | 2.000 | o 0.000 %

0.5 944 [ 58 | 1944 | 250 056 308
1.0 | 891 | 55 | 1.891 | 199 J09 254
1.5 841 | 53 | 1.841 } 160 159 213

2 J94 | 5.1 | 1794 | 137 .206 18.8
3 708 | 47 | 1.708 | 10.7 | 292 154
4 631 | 43 | 1.631 87 | 369 13.0
S S62 | 39 [ 1.562 | 7.2 | 438 11.2

6 S01 | 3.5 | 1501 6.1 499 9.6

7 447 |32 | 1447 | S 553 8.3

8 J98 | 29 | 1.398 | 44 | 602 73

9 355 [ 26 | 1355 | 38 | .645 64
10 316 | 24 | 1316 | 33 | .684 57
12 251 | 20 | 1,251 25 | 149 4.5
14 200 | 1.6 11,200 { 19 | .800 3.5
16 JAS9 [ 13 | 11S9 | LS | 84] 28
18 J26 | 10 | LI26 | 12 | 874 22
20 100 1 08 | 1.100 | 09 | 900 1.7
25 056 |05 | 1,056 | 05 | 944 1.0
30 032 |03 | 1,032 | 03 | 968 0.6
35 018 1 02 | 1018 | 02 | 982 4
40 010 |01 | 1012 | 0. 990 2

conditions should duplicate as closely as possible the ideal plane longitudinal wave
condition whenever transverse wave motion is likely.

6.4 Bulk Absorbing Materials.

Evaluation of bulk absorbing materials requires measurement techniques com-
pletely different from those used to evaluate windows, reflectors, baffles, and
anechoic coatings:-. The latter materials generally are in the form of a slab, plate,
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sheet, or iayer. The dimensions, particularly the thickness, are chosen to meet
some particular need and the evaluation results usually apply only to samples of
these dimensions. An absorbing material, as the term is used here, is a material
like wood, oil, rubber, soil, and so forth, whose sound absorption depends on its
particle or molecular content or structure, and not on the dimensions or configura-
tion of the material. When we evaluate an absorbing material, we evaluate the
material itself; however, this does not mean that the dimensions or shape in which
4n absorbing material is used is unimportant. Wedges are used in anechoic rooms
and tanks because the wedges form a boundary that increases the percentage of
sound entering the wedge material rather than being reflected away. In solid
materials, the configuration is important because the elastic behavior depends on
the geometry of the applied stress and allowed strain. (See Section 6.5.)

One practical difference between an analysis of an anechoic coating and an
absorbing material is that the coating is analyzed as a lumped-parameter system
but the material is analyzed basically as a distributed system. Equivalent circuits
can be used to represent coatings, but materials are studied as transmission lines,
although short lines as special cases may reduce to a lumped-parameter system.
An absorbing material can be treated as a lumped impedance to the extent that
a short electrical cable is treated as a capacitor. The material must be both thin
and homogeneous, if this treatment is to be used.

In the analysis of acoustic transmission lines and acoustic impedance that fol-
lows, the symbolse, A, 0, 5, C, p, w, t, and x will have their familiar definitions of
speed, wavelength, density, stiffness, compliance, pressure, angular frequency,
time, and distance, respectively., The symbol & denotes the wave number and is
equal to w/e or 2m/A. The symbol Z, represents the characteristic impedance
of the medium. When ¢, X', p', &', C, k', and Z;' are used, the prime denotes
that the parameters pertain to an absorbing medium. Such parameters are referred
to as “complex™ where the word carries the same connotation that it has in
*complex number” or “complex impedance.” The physical significance or mean-
ing of the complex parameters is discussed in later paragraphs,

Stiffness as used here is the same as the plate elastic modulus, That is, it is
the quotient of the stress (force/area) to the strain (displacement/thickness),
where the stress is being extended normal to a plate and the strain exists and is
measured only in the plate thickness direction, The stiffness then is related to
the acoustic impedance per unit area Z, (pressure/volume velocity) by Z, = sfjewx,
where x is the thickness. Thus, stifiness is the negative reactance of a sample of
unit cross-sectional area and unit thickaess. The elastic behavior of solids depends
on which combination of three-dimensional stresses and strains are allowed. The
stiffness of a solid, therefore, does not have a unique meaning. The different
kinds of elastic moduli are discussed in Section 6.5,

Compliance is the reciprocal of stiffness. Stiffness is the older of the two
terms and is familiar from classical physics and mechanies, Compliance is a
newer term that is particularly convenient when electromechanical analogies are
used. Compliance is directly analogous to electrical capacitance, whereas stiffness
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is inversely related to capacitance. All the relationships of electrical trans-
mission line theory therefore can be used to describe an acoustic transmission
line when the following substitutions are made:

compliance - capacitance per unit length

density - inductance per unit length
admittance of complex compliance — open-circuit admittance per unit length
impedance of complex density -» short-circuit impedance per unit length

A bulk absorbing material is characterized by its complex propagation constant
v =a + jk, where a is the attenuation constant. In addition to a and &, other
parameters are used by various authors—usually because they are useful in special
cases. These other parameters include the loss factor 7, the loss angle §, the com-
plex stiffness or compliance, and the complex density.

6.4.1 The attenuation constant a

The attenuation constant a is the signal loss of a plane wave per unit distance
in the medium. The loss is expressed as the natural logarithm of the ratio of the
signal amplitudes at two points. In mathematical terms,

ax = m% , (6.3)

where x is the distance between the points at which p; and p, are measured.
The value of a is measured in nepers/cm, If a medium has a loss of 1 neper/cm,
the signal decreases by 1/e every centimeter. The neper is similar to the bel in
being a logarithm of a ratio, It differs in being based on natural rather than com-
mon logarithms, and is defined as the logarithm of  ratio of pressures, voltages,
or other parameters proportional to the square root of power, rather than to
power itself. One neper equals 8.686 dB.

The attenuation covistant is most useful in describing a medium when the
medium is considered to be distributed rather than lumped. In practice, this
means that the dimension in the direction of wave propagation is larger than about
A/10. Consider a plane pressure wave in a lossless medium: The instantanecus
pressure p; at any time ¢ and any point x is

i = poelt=k), 6.4)
wheie py is the pressure amplitude. If the medium dissipates energy and the
ratio py/p; is independent of the initial amplitude, the pressure amplitude de-
creasos exponentially with the distance x and is

il = poe=**. (6.5)




300 MEASUREMENTS ON AUXILIARY MATERIALS

The complete expression for p; in an absorbing medium is, then,

pi = poe W= k), (6.6)
or

p; = poeftwt -k -ja)x], 6.7)

Now we can define a complex wave number k' = k — jo and substitute &' into
Eq. (6.7), making it look like Eq. (6.4):

Di= poef(w? - k'x) . (6.8)

Equations (6.4) and (6.8) illustrate the point that any equation applying to a
lossless transmission line can be altered to apply to a lossy line by changing all
the appropriate parameters from their real to their complex forms. By “appro-
priate™ parameters we mean those whose values depend on the characteristics of
the medium, such as p, ¢, s, X, A, and Z. The parameters w, x, and ¢ are not in-
cluded. To illustrate with other equations that will be used later, consider the
expression for the input impedance Z; of a finite transmission line x units long,
where Z;, is the terminating load impedance. If the line is lossless,

= 7. | £L Cos kx +jZy sin kx
b=t [Zo cos kx + /Z;, sin kx] (6.9)
%{\l
If it is lossy, changeZg and & to their complex forms: .
/ Z
1, 608 (k - ja)x +JZo' sin (k ~ja)x|
Z; = 2, [Zo Tcos (k—jay + )2, sm(k—jay¢ " - (6.10)

Rearranging Eq. (6.10) and using standard identities botween circular trigo-
nometric and hyperbolic functions produces

- Z;, cosh (@ + Jk)x + Z,' sinh (@ + jk)x
Zi = & [Z "cosh (a * jk)x + Z, sinh (a ¥ jk)x |’ (6.11)
or

2 < 70|21 cosh yx + Zy' sinh yx

2= 2, lzo "cosh yx + 2, sinh 7x] ' (6.12)

where v = a + jk. Equation (6.12) is the standard expression for any one-
dimeansional transmission line, Note from the definitions of k' and ¥ that y= /&',
and

g W = we . [ (6-13)
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6.4.2 The loss factor 5

A material has two loss factors 7, and 7, taat are inherent properties of the
material regardless of the material dimensions, but which are most useful in
absorption measurements when used to characterize the absorption of thin layers.
When an elastic material dissipates energy as it undergoes compression and ex-
tension, there is a loss component to its mechanical impedance or admittance.
The elastic loss factor 7, is defined in terms of the imaginary part of elastic
impedance or admittance—that is, the stiffness or compliance.

s = s(1+jny) (ne =1y) (6.14)
C'= C(1-fn,) (e =1.). (6.15)

When the elastic loss factor is discussed in general terms, the subscript e will be
used. When it is used as specifically defined by Eq. (6.14) or (6.15), the sub-
script s or ¢ will be used.

When a material in motion is subjected to a viscous drag, there is a loss com-
‘ponent to its inertial impedance. The density loss factor n, is defined in terms
of the imaginary part of this inertial impedance:

o' =p(1=jnp) | (6.16)

From Egqs. (6.14), (6.15), and (6.16), it can be seen that all the loss factors
are dimensionless ratios of acoustic resistance to reactance or conductance to
susceptance. Thus, the loss factor is similar to the reciprocal of @, where @ has
the conventional connotation of ratio of reactance to resistance or stored energy
to dissipated energy.

It is evident also from Eqs. (6.14), (6.15), and (6,16) that the complex stiff-
ness, compliance, and density correspond, respectively, to the shunt impedance,
the shunt admittance, and the series impedance of 8 unit length of the acoustic
transmission line—or thickness of the plate, This correspondence is shown in
Fig. 6.5. The corresponding impedances or admittances of a plate x units thick
are given by

¥
3

S.oe S 4 e

m— Joox + ox 617
jul'x = (julx) + (wlxny), (6.18)
fwp'x = (upx) + (waxn,). (6.19)

The initial choice of positive or negative signs in Bqgs. (6.14),(6.15), and (5.16)
becomes evident from: Eqs. (6.17), (6.18), and (6.19). The real part of the im-
pedance or admittance must be positive!
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jwp'

o, A :E
) v/

s/ jw o
1

Fig. 6.5. Electrical analogs of unit-length acoustic transmission line
with (a) shunt admittance and (b) shunt impedance.

An interesting fact is pointed out by Tamm.! If n, = n,, in the same material,
then the imaginary part of the characteristic impedance disappears.

a2\ o [P0 -ing)|®
SR

1£9, =ne, then,
%

This conclusion is the same as that for electrical transmission line theory wherein
the characteristic impedance is a pure resistance if Ryg/twlyy = Goof/wCyo Whore
Ry, and L, are the short-circuit resistance and inductance, and G, and Gy, are
the open-circuit conductance and capacitance of a unit line.

Tamm actually mode his point using v, rather than %,. The same con.
clusion as made in Eq. (6.21) can be made when n, = n,, provided that n,
is small-that is, if the loss component is a small part of the impedance or
admittance.
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6.4.3 The loss angle &

The loss angle & is the complement of the phase angle of the impedance Z;
defined for Eq. (6.9):

= &
tand = X (6.22)

If the load or “backing” impedance Z;, = o and the plate thickness or acoustic
line length is short (x <A/10), the impedance Z; becomes stiffness controlled and

s)

s o Ri o, ( jw/ _

tan -'E =53 Nse (6.23)
(j“’)

If the load or “backing™ impedance is zero and the line is short, the impedance
bacomes inertia controtled, and

R (Cwm
tand = '.?:‘ ~ 5 = % (6.29)

- (wp)
Thus, for small samples, arctan n and the loss angle are the same.

6.4.4 Relationships among a, ,and 6

Before discussing the measurement of e, n, and §, it is helpful to understand
some relationships among these pararaeters. In many practical cases, when one
parameter is known, the other two can be computed or at least approximated.

- Starting with the usual expression for the speed of sound

s\ ' ,')Va
¢ (-;) or ¢ (p. (6.25)
and using Eqs. (6.13), (6.14), and (6.16), we can derive
- L
Al =m))*  _E
L S(1 +/ny) ¢
After some algebraic manipulation, Eq. (6.26) can be reduced to

2

nﬂ *",’2 = A
teng, ,_al
. k?
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Equation (6.27) also can be obtained by using compliance instead of stiffness,
or ¢’ = (1/p'C’)%, so the general elastic loss factor 7, is used in Eqs. (6.29) and
(6.30).

The factor a/k appears regularly in absorption analysis. Cramer2 gives it the
symbol r and the name *‘loss parameter™:

r= % = (6.28)

€)8
8]

It can be seen that 7 in the form a)\/2w is the attenuation per radian length. In
terms of », Eq. (6.27) becomes

Mptne _ 2
1=npne 18" ©629)

Equation (6.29) is exact for all values of absorption. If the absorption is low
enough for sccond-order terms to be neglected, Eq. (6.29) becomes

motmy = 2= (6.30)

Thus, 1 is the simple average of n, and n,.
Most materials have either primarily elastic or viscous losses, but not both, If
either n, or n, are zero, then Eq. (6.29) becomes

n n_ a E.',a . 6.31)

1 both the low-absorption approximation of Eq. (6.30) and the singlc-lcm factor
assumption of Eq, (6.3!) are used,

ne2e & (6.32)

The loss angle § is related 10 n by Eq. (6.23) or (6.24). When % X 0.5, the
approximation tan & = & ¢an be used with less than 10% error, and

and =§ = (6.33)

The validity of the “fow absorption” approxumations and the relationships
among r, 7, and § are graphically Hlustrated in Fig, 6.6, Esscatially, the curves
~are plots of Bys. (6.31) and (6.32). Equation (6.30) cannot be plotted because
“ithasthree variables. The curves show that 27 =y 2§, when # is less than about
0.3, or 1 is loss than about 0.6, The value » = 0.3 corcesponds to an attenuation
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! of 16.3 dB per wavelength. This is good attenuation. For a wavelength of § f1,
or 30 ¢cm, r = 0.3 corresponds to a = 0.6. It can be concluded that small values

of the attenuation constant {a < 0.1) and loss factor (n < 0.6) are useful and
-that the approxxmauon 2r= 1§ can be used i in most practical cases.. e
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Eig. 6.5, The low factor and lots angls a3 m“uomutmmbn
per wavweleagth according to i.qs. {6.31) aud (6.32).

- 6.4.5 Measurement of a, v, and §

17 both 3 seund soutce and receiver can be imimersed in a lage sample of a
homogencous absorbing material, 4 can be wezsured siuply and directly from the
signal attenuation under free-field conditions. That &, a transinission loss uy a
progiessive wave belween (wo poinis that exceeds the sphatical spreading loss -
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can be assigned to absorption. The free-field requirement limits this technique
to very large samples, and for this reason the technique seldom is used.

It might appear that a simple insertion-loss measurement would yield a value
for a. For example, if the insertion loss of a 5-cm-thick plate is 1.0 dB, one
might conclude (erroneously) that @ = 0.2 dB/cm or 0.023 neper/cm. The error
here arises from the fact that the signal is reflected at both of the solid-water
boundaries and, each time the sound trapped in the plate is reflected by the front
or rear boundary, some sound escapes into the water. Consequently, we have a
standing-wave condition inside the plate, and the transmitted wave consists of
the phasor sum of many signals that have traversed the 5.cm thickness 1, 3, 5, 7,
.« o €tC, times,

In practice, a, 7, and 8 usually are measured by a system referred to as an im-
pedance tube, which is shown schematically in Fig. 6.7. The system is treated asa
one-dimensional acoustic transmission line. Plane-wave propagation is assumed
and attained in practice by using a rigid-walled tube with a diameter equal to a
small fraction of a wavelength of sound in the water and material.

Tronsducer

Z
Backing
/ Water . material i

N, X

Rigid boundaries

Fig. 6.7. Impedance tube arrangement for measuring attenuation parameters in
an absorbing material,

The key parameter used to find a, 7, or 8 is Z;, the complex acoustic imped-
ance at the boundary between the water medium and the absorbing medium as
seen from the water medium. Various impedance tube techniques have been used,
mostly in air acoustics.34 The most successful technique for evaluating under-
water sound absorbers has been the pulsed-sound technique.2:5 A short pulse of
sound is reflected at the Z; boundary, and the complex reflection coefficient 4
is measured. The magnitude of 4 is the ratio of reflected-to-incident sound pres-
sure. The phase of 4 is the phase shift of the reflected sound. Then,

2 = 2w gf—"%, (6.34)

where Z,, is the specific acoustic impedance of the wator. The magnitude of A
is relatively easy to measure. For example, an uncalibrated but lincar probe
hydrophone in the tube can measure both the incident and reflected pulses, and
display both on an oscilloscope. The magnitude ratio is readily obtained from the
display. The phase measurement is more difficult. The relative phase of tne two
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pulses could be measured at the probe hydrophone output, but the phase shift
at the water-material boundary can be computed only if the boundary position
and the wavelength of sound in the water in the tube are precisely xnown.

Another method is to compare both the magnitude and phase of the signal re-
flected from the sample to those of the signal reflected from a perfect reflector,
such as a very high- or very low-impedance boundary at the same location. From
Z; and a knowledge of x and Z; (the impedance at the boundary between the
absorber and the backing material, as seen from the absorbing medium), a, 1, or
8 can be calculated. For example, n, can be found by making x <\/10 and let-
ting Z; - oo, That is, we use a thin layer of absorber with a rigid backing, Then
we have a condition analogous to the measurement of capacitance and conduct-
ance in a short length of open-circuited cable. The absorber acts like a lossy
spring, and

i

z,=R,+jx,=7:;x-=7‘:7+.’:_;, (6.35)

or
R; = %;- (6.36)

and
X = —:; (6.37)

Equations (6.36) and (6.37) can be solved for both s and n,.

If n,, is desired, we let x <A/10 and Z;, = 0. That is, we use a thin layer with
no backing, or with air backing, Then we have a case analogous to the use of a
short-circuited cable and the measutement of inductance and resistance of the
wire. The absorber acts like a mass subjected to some viscous drag, and

2= Ry + jX; = jwp'x = jwpx + wpipx, (6.38)

ot,
Ry = wpnpx, (6.39)

and
X = wpx, (6.40)

Equations (6.39) and (6.40) are solved for p and ,.
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The loss angle § is available directly from Z;, according to Eq. (6.24).
To measure a, the backing is made very rigid, or it is assumed that Z; - <o,
Then Eq. (6.11) reduces to

Z;=Z,' coth (a + ik)x, (6.41)

where Z' is the complex specific impedance of the material. From Egs. (6.13),
(6.34), and (6.41), and neglecting inertial losses,

1 1+4 ____J.coth(ax+jkx)
(L)kwx 1-4 (ax +jkx)
Py

(6.42)

where the w subscript indicates the parameters of the water. All parameters in
the left side of Eq. (6.42) are measured. The unknowns a and k cannot be obtained
from transcendental equations like Eq. (6.42) by algebraic methods. However,
Sabin6,7 has developed charts from which a and & can be obtained from the mag-
nitude and phase of the left side of Eq. (6.42) and subsequently he has used a
computer to solve Eq. (6.42) automatically by successive approXimations.8

Figure 6.8 is a plot of Eq. (6.41) and, in addition, a plot of Eq. (6.11) for the
special case Z;, = 0. If Z; can be measured as a function of x and plotted as in
Fig. 0.8, a spiral curve should result; and the various relationships shown graphi-
cally in Fig. 6.8 can be found.

Generally, all the curves are spirals converging to a point corresponding to
2;=2)'. That is, when x is large, the absorber appears infinitely thick and Z;
becomes the characteristic impedance. Both spirals converge to the Z; = Z,'
point because, in infinitely thick layers, the backing impedance does not affect
Z;. As x becomes smaller, the Z; = o curve for Z; unwinds along the spiral,
oscillating in amplitude. These oscillations correspond to the tuned or resonant
conditions where x is equal to multiples of quarter or half wavelengths. As x be-
comes small, the thin-layer or lumped-parameter condition is approached; Z; be-
comes =Js’/wx, and the slope becomes =1/n,. Similarly, the Z;, = 0 curve un-
winds and approaches Z; = +fwpx with the slope +1/n,. The slope of the imped-
ance vector Z; = Zg' is (n; = n,)/a = r, according to Eq. (6.45). Al the informa.
tion needed to find my, Mp, 7 @, ', and Zy' is available from cither curve. In
practice, the curve for Z;, =» o0 is the easier of the two to obtain because =/s'/wx
is large, while +jwpx is small. The use of the variable x in these curves is based
on the assumption that the frequency is constant. The variable should be kx. If
the absorption is independent of, or changes slowly with frequency, a change in
froquency or wavelength is equivalent to a change in x.

The characteristic impedance of a medium is given by

2o’ = (p's')" = [p(1 = jny)s() + jn,)) ¥ (6.43)

2o’ = (9s)A[1 +j(ny=n,) + npny) . (6.44)
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""I

Fig. 6.8, Input impedance Z; of a lossy acoustic transmission line as &
function of the radian length kx.

[

If nyng << 1, it can be neglected, and (n; — 1) is so small that only the first
two terms in the series expansion for the square root of a binomial necd be used.
Then,

ZO' ~ 2, . (6.45)

1+ 'é (ns=n,)

or, when 1, = 1,, then Zy' = Zy. If the complex compliance is used instead of
complex stiffness, the qualification nyn. << 1 is not needed to conclude that
2y’ =2, when 1, =1,

Equation (6.45) shows that if n, > n,, Zo' will be in the +X; quadrant. If
Ny <My Zo' will be in the =X, quadrant. 1, = n,, thon Zy' will be on the R;
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axis. These three conditions are shown in Fig. 6.9. Note that the real compo-
nent of Zy' always is Z,. The convergence point for the spiral is determined by
Ny — Mp. The other ends of the spirals are determined by 71, and n,. Thus, even
if n, cannot be measured at the Z, = jewpx end of the spiral, it still can be found
from a knowledge of n; — 1, and ng. The loss parameter  then is given by Eq.
(6.30) from r = (n; + 1,)/2, and a froma = rw/c'. The complex velocity comes

from the frequency and from the x = A\/4 or x = A/2 points identified in Fig. 6.8.

+Xi +Xj

. ) +
/” “‘\\ /
: ! I, \\ 7
-——
. n~ 1 JII I’ ; ,” ~
——fe = e
—1—2 &
Zi 1 R; R -
- 2g \4_.4/ 2’:-:9.-
’ i
1
\\ \\ r zo‘ - ZD
“Xi (ol g3y Rl ng= * @ gty

Fig. 6.9, The value of Zo' for relative values of ngand .

6.4.6 Magnitudes of a and ¢

The attenuation constant a usually is a small fraction of one neper/cm like 0.1
orless. If ¢ were large—for example, if @ = 1 neper/cm~this could mean that the
sound pressure amplitude would decrease 8.7 dB for every centimetor of mate-
vial through which the sound wave traveled. After traveling only 3 cm, the wave
would be attenuated 3 nepers or 26 dB. Its magnitude then would be only 5% of
the original magnitude, and the wave would contain only 0.25% of its original
encrgy. Consequently, it would make little difference whether the absorber were
3 cm thick or infinitcly thick, Even if it were physically possible to make an ab-
sorbing material with an attenuation constant as large as 1 neper/cm, it would not
necessarily be useful in underwater sound. A good absorber should possess two
key characteristics. First, the sound should onter the absorbing material rather
than be reflected away. Second, after the sound gets into the absorber, it should
be completely absorbed. If the absorber has very high absorption, so that a neg:
ligible amount of the sound reflected at the back boundary returns to the front
boundary, then x appears infinite and Z; » 2,'. The reflection coefficient then is

(6.46)
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The characteristic impedance Z,, of water is a real number. Consequently, the
reflection can become zero only if Z,,' also is a real number; but Z,' is wholly a
real number only if the absorbing material does not absorb, or if the unique con-
dition n, = 7, exists.

As shown in Eq. (645), the greater the elastic or viscous absorption (but not
hoth), the larger the imaginary part of Z,' becomes, which is contrary to the
usual notion that energy absorption is associated with real, rather than imaginary,
- numbers. Consequently, a good absorber usually will be a good reflector when it
is thick enough to appear infinitely thick.
~ There are four ways of combining high absorption with low reflection. First,
the absorption a per unit thickness can be kept low, but the thickness x can be
made high. Second, a high a together with a gradual transition boundary, such
as would be provided by wedges or intermediate layers, can be used. Equation
(6.46) applies only to plane boundaries. Third, “tuned” or “resonant” thickness
.- dimensions, which correspond to the points on the spiral curves of Fig. 6.9 that
-lie on or near the R; axis, can be used, Fourth, the ideal material, as yet undis-

covered, in which 1, = n, can be used.

Whereas a is made small intentionally for the thick layer or “effectively in-
finite x™ case, the opposite holds for the case of a thin layer where the impedance
Z; ideally should be wholly resistive and equal to Z,,. The latter is the acoustical
analogy of the electrical case in which a cable having the characteristic impedance
Ry ohms is simply terminated with a resistor of Ry ohms that dissipates all
energy fed into the cable. Unlike the electric resistor, the acoustic resistor is
extremely difficult to create in the form of a thin layer.

Ideally, thick layers should have low absorption per unit distance but thin
layers should have high absorption. For intermediate thicknesses (A\/10 <x <),
the analysis is complicated. Standing waves are present, For some thicknesses,
the layer acts like a *“‘tuned” or “resonant” absorber and the absorption is un-
usually high in a narrow frequency band. Such layers are analyzed by using the
general formula for Z;, Eq. (6.12), or its special cases, like Eq. (6.41) and the gen-
eral reflection formula,

Zi-Z,

6.5 Elastic Moduli and Stiffness

The subject of acoustic materials would not be complete without some discus-
sion of elastic moduli. In Section 6.4, stiffness and plate elastic modulus were
taken as synonymous. Such a definition is necessary for a plane-wave one-
dimensional analysis. In more general cases, the modulus or stiffness is the quo-
tient stross/strain from Hooke's Law,

In a solid, there are several ways that stresses can be applied and strains al-
lowed, and cach combination has its own elastic modulus or stiffness (or com-
pliance). Figure 6.10 illustrates the various moduli.
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Fig. 6.10. Elastio moduli.

Young’s modulus Y probably is the most familiar and the easiest to measure.
It applies to along, thin solid (wire, bar, etc.), where, in an acoustic measurement
or application, “thin"* would mean a small fraction of a wavelength, In this cass,
stress exists in only one direction—the direction of the long dimension—and is
given in force per unit area or in pressure, The strain is in three dimensions but
measured only in the long dimension. Both the volume and shape of the material
change under stress.

The bulk modulus B is a measure of the ratio between three-dimensional stress
and three-dimensional strain. The volume changes, but the shape does not--as,
for example, a rubber ball when squeezed uniformly in all directions becomes
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smaller but still is spherical. The stress is given in pressure and strain in fractional
volume change.

The plate modulus P is the modulus effective in impedance tube measurements,
or whenever plane-wave conditions exist. The stress or pressure is in one direc-
tion—the direction of wave motion. The strain or particle motion also is one-
dimensional and in the same direction as the stress, More so than the other
moduli, the plate modulus applies to dynamic cases. As with Young’s modulus,
both volume and shape change with stress.

The shear, torsion, or rigidity modulus u involves rotational motion. The
volume remains constant, but the shape changes. The stress is given as the tan-
gential force. per unit area of the tangential surface. The strain is the angular dis-
placement is radians of planes originally perpendicular, The shear modulus is
important in absorbers because rubbers often have low loss components in the
“plate” stiffness but high loss components in the “shear” stiffness.

In practice, the measurement conditions or material sample size or shape may
lead to stresses and strains that involve some combination of the four moduli.
Care must be exercised, therefore, in extrapolating measured results to apply to
samples of other sizes and shapes,

In addition to the moduli, the parameter “Poisson’s Ratio™ frequently isused
to characterize an elastic material. As shown by Fig. 6.10a, this is the ratio of
transverse strain resulting from an applied longitudinal strain.

The bulk, plate, and shear moduli are related to Young’s modulus and Poisson’s
ratio o as follows:

_y
B= sty (6.48)
p= 240 (6.49)

T T+o(l-20)
Y

e Tvo) (6.50)
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Appendix Al

CAPITAL LETTER SYMBOLS AND ABBREVIATIONS

1

area, proportionality constant, complex reflection coefficient, ratio of
radii
susceptance, magnetic flux density, bulk modulus
compliance, capacitance, coulomb
coupling loss in decibels
diffraction constant, diameter, maximum dimension
directivity index
energy density
essential bandwidth
force
conductance, amplifier gain in decibels
hydrophone
- hertz (cycles per second)
intensity
reciprocity parameter, Bessel function
a constant
length
free-field voltage sensitivity, prefix *mega”
any integral number, newton
projector, power, plate modulus, point in spuce
pressure spectrum level
electric charge, point on a surface S, quality fsctor
resistance
directivity factor
transmitting current response, surface area
transmitting voltage response
reciprocal transducer, absolute temperature, perioa of a periodic function
volume velocity
volume
width
volume displacement, reactance, coordinate axis
admittance, Young’s modulus, coordinate axis
impedance, coordinate axis

bobaow
hf‘)

E:I:Q"lmhl
2

1
J
K
L
M
N

Hutxn R0 go;
~3 l""uzg

N~xETwag
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Appendix A2
LOWER-CASE LETTER SYMBOLS AND. ABB_REYIAT.IQ,NS .

radius, term in a binomial
term in a binomial

speed of sound

cm centimeter

W continuous-wave

d distance, depth

o o8

dB decibel

e voltage

e',e"  same as e under certain conditions
f frequency

28 acceleration due to gtavnty, gram
h - depth or height

i current -

j v T

kg kilogram
m,m  mass, ratio of characteristic impedance of a material to the characteris-
tic impedance of water, meter, prefix “milli"
normal unit vector, power of a binomial, number
pressure
pressure as a function of 6, directivity
average pressure
radius, radial distance, loss parametcr (a/k)
s root mean square
stiffness
time, thickness
particle or linear velocity
distancs, thickness
distance

SR
N

\ck=~%§
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k,k  wave number, spring constant, Boltmanngas constant, prefix “kilo”
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Appendix A3

GREEK LETTER SYMBOLS

attenuation constant

adiabatic compressibility

ratio of specific heats of gases, complex propagation constant, ratio of
hydrophone-to-projector width

loss angle

change in, maximum error

dielectric constant

efficiency, loss factor

angle

wavelength

shear modulus, prefix “micro™

linear displacement

Poisson’s ratio

density (of water, uniess otherwise stated)

sum

pulse duration

electromechanical voltage/force factor, angle

electromechanical voltage/current factor

angular {requency in radians per sccond
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Appendix A4

SYMBOLS USED AS SUBSCRIPTS

applied, air, acoustical
array
blocked
cylindrical wave, compliance
particular depth
direct-current or static pressure
diffuse field
electrical, at the “end,” elastic
electromechanical
free field
far field
generator
hydrophone
index, input, integer, instantaneous
integer
length, distance, load
receiving, mechanical, magnetic, in the medium
near {ield
motional
null projector
eutput
~ gonter value, key value, axial value, reference value, characteristic valus,
© fundamental
- apenscircuit
open-circuit mechanical .
_ plane wave, pmllel
projector
radiation, tmdiauon
. density :
standard, sphmieal wave, source, series, stiffness
short-circuit mechanical
reciprocal tansducor”
wall, wates :
- unknown:

a
A
b
¢
d
d<c
af
e
em
f
i
4
H
i

i

L
m
nf
M
NP
]
0

gf
55%

x

~gvo T

k=




APPENDIX Bl
DECIBELS vs. VOLTAGE AND POWER

The decibel chart below indicates dB for any ratio of voltage or power up to
120 dB. For values over 20 dB subtract 20, 30, or 40 dB, etc. from the total
until the remainder will fall in the first part of the chart. Then add the corre-
sponding values in the early part of the chart and in the second part of the chart.
For example, for a voltage ratio of 400, the corresponding dB for 100 is 40. This
leaves a balance voltage ratio of 4 which is approximately 12 dB. The resultant

total is 40 plus 12 or 52 dB.

Voltage Power Voltage Power
Ratio Ratio -4B+ Ratio Ratio
1.0000 1.0000 0 1.000 1.000
9886 9772 J 1.012 1.023
9172 9550 2 1,023 1.047
9661 9333 -3 1.035 1.072
9550 2120 X} 1.047 1.096
9441 8913 5 1.059 1,122
9333 8710 6 1.072 . L148
9226 8511 N 1.084 L1795
9120 8318 8 1,096 1,202

. 9016 8128 9 1109 - 1,230

- 813 1043 10 1.122 1.259

. -.8810 1762 14 - 1138 1,288
8o - 7586 1.2 1.148 - 1,318
861U 1413 13 | L6l © 1389
511 244 14 1175 -~ 1,380
B314 J079 15 1.189 14135
8318 £6918 16 - 1,202 1.445
8222 - 6761 1.7 1.207 1479
8138 6607 18 1.230 1.514
8035 | eas O L
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Voltage Power Voltage Power

Ratio Ratio ~dB+ Ratio Ratio

7943 6310 2.0 1.259 1.585
7852 6166 2.1 1.274 1.622
7762 6026 2,2 1,288 1.660
7674 .5288 2.3 1.303 1.698
7586 5754 24 1.318 1.738
7499 5623 2.5 1.334 1.778
7413 5495 2.6 1.349 1.820
7328 .5370 2.7 1.365 1.862
7244 5248 2.8 1.380 1.905
7161 5129 2.9 1.396 1.950
7079 5012 3.0 1.413 1.995
6998 4898 31 1.429 2.042
6918 4786 3.2 1.445 2,089
6839 4677 3.3 1.462 2,138
6761 4571 34 1479 2.188
6683 4467 35 1.496 2.239
6607 4365 3.6 1.514 2,291
6531 4266 3.7 1.531 2.344
6457 4169 3.8 1.549 2.399
6383 4074 3.9 1.567 2.455
6310 3981 40 1.585 2.512
6237 3890 4.1 1.603 2.570
6166 3802 4.2 1.622 2.630
.6095 3715 43 1.641 2,692
6026 3631 44 1.660 2.754
5957 3548 4.5 1.679 2,818
5888 3467 4.6 1,698 2.884
5821 3388 4.7 1.718 2,951
5754 3311 48 1.738 3.020
5689 3236 4.9 1,758 3.090
5623 3162 50 1.778 3.162
5559 .3090 5.1 1,799 3,236
5495 3020 5.2 1.820 3.311
5433 2951 5.3 1.841 3,388
5370 .2884 54 1.862 3.467
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Voltage Power Voltage Power

Ratio Ratio —dB+ Ratio Ratio
5309 2818 5.5 1.884 3.548
5248 2754 5.6 1.905 3.631
5188 2692 5.7 1.928 3.715
5129 2630 5.8 1.950 3.802
5070 2570 59 1,972 3.890
5012 2512 6.0 1.995 3.981
4955 2455 6.1 2,018 4.074
4898 2399 6.2 2.042 4,169
4842 2344 6.3 2.065 4,266
4786 2291 6.4 2,089 4.365
4732 2339 6.5 2.113 4.467
4677 2188 6.6 2,138 4.571
4624 2138 6.7 2,163 4.677
4571 2089 6.8 2.188 4.786
4519 2042 6.9 2,213 4.898
4467 1995 7.0 2239 5012
4416 1950 7.1 2,265 5.129
4365 190§ 7.2 2,291 5.248
4315 1862 7.3 2317 5,370
4266 1820 74 2.344 5.495
4217 1778 7.5 2.371 5.623
4169 1738 7.6 2.399 5.754
4121 1698 2.7 2427 5.888
4074 1660 78 2455 6.026
4027 1622 7.9 2483 6.166
3981 1585 80 25812 6.310
3936 . 13549 8.1 2,541 6.457
3890 1514 8.2 2.570 6.607
3846 1479 83 2,600 6.76]
. .3802 J445 84 2.630 6.918
3758 J413 8.5 2,661 7.079
3NS 1380 8.6 - 2,692 7.244
3673 1349 8.7 2.722 7.413
3631 J318 88 2.754 7.586
3589 1288 8.9 2.786 7.762
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Voltage Power Voltage Power
Ratio Ratio —dB+ Ratio Ratio
3548 1259 9.0 2.818 7943
3508 1230 9.1 2,851 8.128
3467 1202 9.2 2.884 8.318
3428 1175 9.3 2.917 8.511
3388 1148 - 9.4 2,951 8.710
3350 1122 9.5 2.985 8.913
3311 1096 9.6 3.020 9.120
3273 1072 9.7 3.055 9.333
3236 .1047 9.8 3.090 9.550
3199 1023 9.9 3.126 9.772
3162 1000 100 3.162 10.000
3126 09772 10.1 3.199 10.23
3090 .09550 10.2 3.236 1047
3055 09333 10.3 3.273 10.72
3020 09120 104 3311 10.96
.298$ .08913 10.5 3.350 11,22
.2951 08710 10.6 3.388 11.48
2917 08511 10.7 3.428 11.75
2884 .08318 10.8 3.467 12.02
2851 08128 10.9 3.508 12.30
2818 07943 110 3.548 12.59
2786 07762 1.1 3.589 12.88
2754 07586 11.2 - 3,631 13,18
2723 07413 11.3 3.673 13.49
2692 07244 11.4 3. NS 13.80
.2661 07079 11,5 3,758 14.13
2630 06918 11,6 3.802 14.45
.2600 06761 117 3,846 14,79
2570 06607 11.8 3.890 15.14
2541 064587 11.9 3.936 1549
,2512 06310 12,0 3981 15.85
.2483 06166 121 4.027 16,22
2455 06026 i2.2 4,074 10.60
2427 05888 123 4.121 1698
2399 05754 124 4,169 17.38
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Voltage Power Voltage Power
Ratio Ratio ~dB+ Ratio Ratio
.2371 05623 12.5 4.217 17.78
2344 05495 12.6 4,266 18.20
2317 .05370 12.7 4315 18.62
.2291 05248 12.8 4.365 19.05
.2265 ,05129 12.9 4,416 19.50
2239 05012 13.0 4.467 19.95
2213 ,04898 13.1 4519 20,42
.2188 04786 13.2 4571 20.89
2163 04677 13.3 4,624 21.38 -
2138 04571 13.4 4,677 21.88
2113 .04467 13.5 4.732 22.39
.2089 04365 13.6 4.786 22,91
.2065 04266 13.7 4.842 23.44
.2042 04169 13.8 4.898 23.99
2018 04074 13.9 4,955 24.55
1995 03981 140 5.012 25.12
1972 .03890 14.1 5.070 25.70
.1950 03802 14.2 5.129 26.30
1928 03715 14,3 5.188 26.92
.1905 03631 14.4 5.248 27.54
.1884 03548 14.5 5.309 28.18
.1862 03467 14,6 5370 28.84
.1841 .03388 14.7 5.433 29,51
1820 03311 14.8 5.495 30.20
1799 03236 14.9 5.559 30.90
1778 03162 1590 5623 31.62
1758 03090 151 5.689 32,36
1738 . ,03020 15.2 5754 33.11
1718 02951 153 5.821 33.88
1698 - .02884 15.4 5.888 34.67
1679 02818 15,8 ' 5.957 35.48
1660 - .02754 15.6 6.026 36,31
1641 02692 15.7 6.095 37.15
1622 02630 15.8 6.166 38,02
15,9 6.237 38.90

.1603

02570




e
L]

'-'4‘ _—

A‘O‘.‘
- e®e®a

Pttty

- -
-_.,

.
e v ¥
& »

A, e, R

’ Py
P - N |

324

DECIBELS vs, VOLTAGE AND POWER

Voltage Power Voltage Power
Ratio Ratio ~dB+ Ratio Ratio
1585 02512 16.0 6.31¢ 39.81
1567 02455 16.1 6.383 40.74
.1549 02399 16.2 6.457 41.69
1531 02344 16.3 6.531 42.66
1514 02291 16.4 6.607 43,65
.1496 .02239 16.5 6.683 44,67
1479 02188 16.6 6.761 45.71
1462 02138 16.7 6.839 46.77
.1445 .02089 16.8 6.918 47.86
1429 02042 16.9 6.998 48,98
J1413 01995 17.0 7.079 50.12
1396 .01950 17.1 7.161 51,29
.1380 01905 17.2 7.244 52.48
1365 .01862 173 7.328 53.70
1349 01820 174 7413 5495
1334 01778 17.5 7.499 56.23
1318 01738 17.6 7.586 57.54
1303 01698 17.7 1.674 58.88
.1288 01660 17.8 7.762 60.26
1274 01622 179 7.852 61.66
J259 01585 18.0 7.943 63.10
.1245 01549 18.1 8.035 64,57
1230 01514 18.2 8.128 66,07
1216 01479 18.3 8.222 67.61
1202 01445 184 8318 69.18
1189 01413 18.5 8.414 70.79
1175 01380 18.6 8.511 72.44
161 01349 18,7 8.610 74,13
- .1148 01318 18.8 8.710 75.86
1135 ,01288 18.9 8.811 77.62
J122 01259 190 8913 79.43
1109 01230 19,1 9.016 81.28
1096 01202 - 19.2 9.120 83.18
.1084 01175 193 9,226 85.11
1072 01148 194 9.333 87.10
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Voltage Power Voltage Power
Ratio Ratio —dB+ Ratio Ratio
.1059 01122 19.5 9.441 89.13
.1047 01096 19.6 9,550 91,20
.1035 01072 19.7 9.661 93.33
.1023 .01047 19.8 9.772 95.50
.1012 .01023 19.9 9.886 97.72
.1000 01000 20.0 10.000 100.00
107 30 10°
1072 104 40 10? 10*
10-% 50 10°
103 10-¢ 60 10° 10¢
1077 70 ‘ 107
10— 10°8 80 10* 10®
10-° 90 10°
10-% 10°1° 100 10% 1010




Absorbers, 287, 310, 311
hulk, 297
ideal, 311
Accuracy, 1, 190
Acoustic baffles, 163, 287
Acoustic center, 26,119, 120
Acoustic compliance, 39, 40, 298
~ Acoustic impedance, 298, 306
" input of a transmission line, 308
specific, 306
Acoustic reflectors, 287, 292
resonant, 293 '
Acoustic transmission line, 53, 298,
306
see also Transmission line
Acoustic windows, 287
Acoustical intensity, 12
Acoustical materials, 287
Admittance of electroacoustic trans-
ducer, 94
see also Impedance
Analogies, 14, 298, 299, 302
Anechoic coatings, 161, 230, 287, 292
Attenuation constant, 288, 299, 303,
304, 310
measurement, 305
Baffles, 163, 287
Bandwidth
essential, 148
transducer, 228
units, 12
Boam pattern, 6
see also Directivity pattern
Bistatic reflections, 293
Bridge's product theorem, 78
Bubbles, 41

327

analog circuit, 161
fish, 111
resonant, 158
water circulation, 111
Bulk
absorbers, 297
modulus, 312
Calibration
data reduction, 143, 181
formulas, 182
instrumentation, 134
parameters, 134
systems, 134
Capacitor hydrophone, 56
Ceramics
see Piezoelectric materials
Characteristic impedance, 298, 308
of water, 2
Comparison calibration
end-of-cable, 19
hydrophones in free field, 18
hydrophones in a small chamber, 21
projectors, 21, 26
simultaneous, 20, 21
Complex parameters, 298, 301
compliance, 299, 301
density, 299, 301
reflection coefficient, 306
speed of sound, 300
stiffness, 299, 301
wave number, 300
Compliance, 298, 301
see also Acoustic compliance
Corprene, 290
Coupling loss
see Voltage coupling loss
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Crosstalk, 41, 155
Current
units, 12
measure, 141,
Data
accuracy, 190
analysis, 187
consistency, 187
reduction, 181
Decibels, 7, 11
Density, 12, 298, 301
Depth
effect of rigging error, 121
facility sites, 110
Diffraction, 291, 294, 295
constant, 22, 233, 234
Diffuse sound sensitivity, 41
Directional response pattern, 6
see also directivity pattern
Directivity factor, 41
Directivity index, 81
computation aids, 86, 87
graphs, 84
measurement, 83
theory and formula, 81, 82
Directivity pattern, 6, 73
beamwidth, 79, 80
cosine, 273
data analysis, 188
formulas, 72
graphs, 77,78
minor lobe level, 79
nonuniform radiators, 79
orientation standard, 175
product theorem, 78
Distance between transducers
see Proximity or Separation
DRL near field calibration, 193
advantages, 223
computed patterns, 198
facility, 201
frequency range, 223
Helmholtz formula, 194, 202
limitations, 222

measurements, 220
scanning technique, 195
Dunking machine, 60
Duty cycle, 152
Dynamic range, 7, 99
Echo reduction
bistatic, 293
measurement, 294
monostatic, 293
theoretical, 293
see also Anechoic coating
Efficiency of a transducer, 7, 12, 96,
97,98,99
Elastic moduli, 31, 298, 312, 313
Electrical analogs, 14
of electroacoustic transducer, 93
Electrical impedance, 7, 12
see also Impedance
Electrodynamic transducer
see Moving-coil transducer
Electrostatic actuator, 69
Equivalent circuits, 298
see also Analogies
Equivalent noise pressure, 100, 105,
251,255
Facilities, 113-116
Ferroelectric ceramics
see Piezoelectric materials
Fessenden oscillator, 228
Filter, 152
acoustic low-pass, 258
heterodyne system, 142
ideal band-pass, 104
Fish interference, 110
Free field, 18, 109
absence of, 20
facilities, 113-116
sites, 109
site criteria, 110
Free-field voltage sensitivity, 6
cylindrical-wave reciprocity
method, 34
diffraction effects, 233
formulas, 182, 183, 184, 276




inertial impedance method, 54
low level, 228
near-field method, 220, 221
radiation pressure method, 68
reciprocity method, 29, 30
self reciprocity method, 32~
two-projector null method, 46
variable depth method, 60
velocity hydrophone, 73
versus frequency, 231
Frequency
units,12
side band, 12
Fresnel zone
see Near-field
Golenkov calibration method, 61
Harmonic distortion, 153
Helmholtz
formula, 194
resonator, 258
Heterodyne system, 139
oscillator, 142
Hooke’s law, 311
Hydrophone, 5
capacitor, 56
deleterious influences, 20
electronic, 59
leak resistance effects, 20
noise, 251
output terminals, 136

pressure-gradient, 69, 274, 279,

280
recalibration, 20
standard requirements, 227

type F36, F37, and TR-205/WQM,

251
type H23, 243
type LC32 and BC32, 245

type M115B and DT-99/PQM:1A,

243,253
velocity, 275
Impedance, 90
bridge, 56
calibration methods, 47

characteristic, 298, 308
circles, 94

conversion series-parallel, 91
data analysis, 188, 189
efficiency measurement, 98
electrical, 7

high power, 153, 154

input of a transmission line, 300,

309
matching, 140
plane-wave acoustic, 70, 72
specific, 306, 308
spherical-wave, 70
transducer, 95
transfer, 5
tube, 306
units, 12

see also Admittance and Acoustic

impedance
Impulse calibration method, 62

Inertial impedance calibration methods,

53
Infrasonic calibration methods, 56
Insertion loss, 287, 288

air baffle, 290
cork, 289
corprene, 290
function of angle, 292
measurement, 290
sonar dome, 288
steel, 289
theoretical, 289
Insulkrete, 168
Intensity, 12
Interference, 144, 295, 296, 297
bubble, 158
elimination, 162
fish, 111
identification charts, 158
identification criteria, 157
identification theory, 155
lake bottom, 110
noise, 111
reciprocity, 164
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Interferometer technique, 294, 295
Kirchhoff formula, 194
Leakage resistance, 64
Level, 9
reference pressure, 13
Linearity, 7,99, 135, 153
Loss angle, 299, 303, 304
measurement, 305
Loss factor, 299, 301, 304, 310
compliance, 301
density, 301
elastic, 301
measurement, 304
stiffness, 301
Loss parameter, 304

Magnetostrictive transducer, 3, 228, 240

equivalent circuit, 230
magnetic bias, 241
nonlinearity, 241
resonance frequencies, 232
response vs frequency, 231
ring stack, 240
sensitivity »s frequency, 231
useful frequency range, 232
Modulation, 147
Monostatic reflections, 293

Moving coil transducer, 45, 55, 228, 241

equivalent circuit, 230
pressure compensation, 242
resonance frequencies, 232
response vs frequency, 231, 242
sensitivity vs frequency, 231
typical design, 271
useful frequency range, 232
Near field, 26, 65
calibration with reciprocity param--
eters, 200
criteria, 122
reflector, 294
see al;o DRL near-field calibration
and Trott near-field array
Neper, 299
Noise
equivalent noise pressure, 255

hydrophone, 251
measurement, 101
meter, 104
meter calibration, 103
preamplifier, 255
sea, 101
sea state zero, 255
thermal, 105
white, 101
Null projector, 45
Orientation standard, 174
Phase, 7
reflection coefficient, 306, 307
Piezoelectric materials
ceramics, 239
costs, 239
crystal assembly, 236
crystals, 3, 235, 236
d constant, 235, 238, 239
electrical impedance, 237
for high frequencies, 257
for projectors, 257
g constant, 235, 239
hydrostatic applications, 235, 239
resistivity, 238
stability, 240
temperature effects, 238
Piezoelectric transducer, 228
equivalent circuit, 230
low-frequency roll-off, 232
projector design, 253
response vs frequency, 231
sensitivity vs frequency, 231
typical hydrophone design, 242
typical projector design, 259
useful frequency range, 232
Pistonphone, 48
air, 48
water, 50
water-air, 50
Plate modulus,-313
Poisson’s ratio, 312, 313
Power
transducer input, 96




transducer output, 97
units, 12
Pressure
applied, 21
equivalent noise, 100, 105, 251,
255
gradients, 21
overload, 100
piston axis, 123
plane wave, 299, 300
reference, 9
sensitivity, 21
simple source, 256
spectrum level, 101
spherical wave, 70
standing wave, 72, 73
transmission line, 298
units, 11
Pressure gradient, 21, 71
Helmholtz formula, 194
hydrophone, 69, 274, 297, 280
see also Velocity hydrophone
Pressurephone, 52 -
Pressure-release materials, 257
Pressure sensitivity, 21
Product theorem, 78
Projector, 6
calibration method, 24
doublet, 273
for small closed tank, 267
low frequency limit, 228, 253
piezoslectric, 253
requirements, 227
response, 256
standard, 25§
type E8, 266
type F27,259
~ type F30, 260
type F33,261
type G23, 267
type 19, 271
Propagation constant, 288, 299
" Proximity of transducers, 120, 127
charts, 128

criteria, 121-133

. Pulse

coherent, 149
diffracted, 294
distortion, 149
duration, 145, 169
repetition ratio, 145
sequence, 145
spectrum, 147, 295
transients, 145
typical, 146
Pulsing, 142, 143
duty cycle, 152
frequency limits, 146
impedance tube, 306
measurement of echos, 294
system, 139 N
0, 301
cycles in a pulse, 145
system, 145
Radiation pressure, 65
calibration method, 66
Receiving sensitivity, 6
see also Free-field voltage sensi-
. tivity
Reciprocity
check, 27, 185, 187, 221
parameters, 27, 28, 34, 36, 38,
42,43,44,183, 184, 185, 186
principle, 27
proximity criteria, 122
Reciprocity calibration, 2, 3
conventional, 27, 28
coupler, 38
cylindrical wave, 34
diffuse sound, 41
general, 43
in situ, 44
plane-wave, 35
self, 31
spherical-wave, 27
two-transducer, 31
tube, 36

Reference prossure, 9‘/12/
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Reflection
bistatic, 293
coefficient, 306
loss, 288
monostatic, 293
specular, 293
Reflectors, 287, 292
© resonant, 293, 295
Response
data analysis, 188
formulas, 182, 183
level, 10
projector low-frequency limit, 228
transmitting, 6, 256
transmitting current, 6, 221, 256
transmitting voltage, 6, 256
Rigging of transducers, 117
Schloss and Strasberg shaker, 53
Sensitivity
data analysis, 188
level, 10, 228

see also Receiving sensitivity and .

Free-field voltage sensitivity
Separation distance loss, 135, 185
test 306!‘ measurement conditions,
1
see also Proximity
Shear modulus, 313
Signal
distortion, 152
high level, 152
modulation, 147
pulse spectrum, 147
quasi-steady-state, 153
typical levels, 135
Signai-to-noise ratio, 20
Sims calibrator, 53
Sound pressure level, 9
Source level, 220
Specific acoustic impedance, 305
Spectrum of a pulse, 147

¢  Speed of sound

complex, 300, 310
units, 12

Static calibration methods, 56
Steady-state criteria in pulses, 169

- Stiffness, 298, 301, 311

see also Acoustic compliance
Tanks, 166
acoustically transparent, 172
anechoic, 166
minimum size, 168, 172
size criteria, 171
wood, 168
Temperature
gradients, 111, 112
units, 12
Thermoclines, 112
Thevenin acoustical generator, 22
Threshold sensitivity, 100
see also Equivalent noise pressure
Time
constant, 62
units, 12~
Transducer, $
design for high pressure, 257
diffraction effects, 233
doublet (dipole), 273
optimum types, 232
orientation standard, 174
positioning, 164
preparation for test, 111
reciprocal, 273
rigging, 117
sensitivity and response vs
frequency, 231
see also Piezoclectric, Magneto-
strictive, and Moving co)
Transfer impedance, S
Transformers, 140, 257
Transmission line
acoustic, 306
analogies, 299, 302
material analysis, 298
se¢ also Acoustic transmission line
Transmission loss, 288
Transmitting current response, 6, 221,
231,256
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Transmitting voltage response, 6, 232,
256
Trott near-field array, 199
advantages, 223
calibration measurements, 220
design, 205, 214
element design, 218
frequency range, 210, 211, 214,
216,217,218, 219,223
Lake Seneca model, 219
limitations, 222
replication of binomial line, 205
shading function, 206, 210, 211,
214
single line, 222
size criteria, 211
size of plane-wave region, 209,
214,216, 218, 219
Two-projector aull method, 45

Units, 11
conversion, 186
Variable-depth calibration method, 60
Velocity
augmentation in spherical wave, 71
complex, 300, 310
hydrophone, 69, 273, 274, 275
hydrophone sensitivity, 276, 277
particle in a spherical wave, 70
sensitivity, 71
standing wave, 72, 73
units, 12
Voltage
coupling loss, 136, 189
measure, 141
response, 25
units, 12
Wave number, 288, 298, 300
Young’s modulus, 312
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